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Pre face

In this thesis I have sought to create a computer model of the

MATO standard continuously variable slope delta voice encoding system

with sufficient flexability tc permit continued study of the standard's

specifications and tolerances. This investigation has started the pro-

cess of evaluating the proposed MATU standard, however, additional study

is necessary to determine the standard's adequacy to assure system

interoperability.

I wish to 'thank my thesis advisor, Capt. Kizer, and the members of

the thesis committee, It. Col. Carpinella and Capt Seward, for their

assistance, guidance, and tolerance during the courmse of this project.

Jeffrey A. Lersch
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AFIT/GE/FE/8OD-28

Abstract

A computer model of the continuously variable slope delta voice

encoding system specified in the draft STATIAG on "Analogue/Digital Con-

version of Speech Signals for Tactical, Digital, Area Communications

Systems", dated June 1978, is developed and implemented in FOXTRAfW IV.

The model's performance is then characterized in terms of idle channel

noise, total harmonic distortion, intermodulation distortion, signal-

to-noise ratio, and frequency response. For each of these attributes,

the system's performance is presented graphically and compared to the

criteria established in the draft standard. The model is then exercised

by varying the system parameters to the limits imposed by the standard

and the resultinc performance compared to the previously determined

4 ideal system performance. The results show that the performance

characteristics measured are most sensitive to the primary integrator

response and output filter response when the system parameters are

restricted to the range allowed by the draft NATO standard.

ix



INVESTIGATION OF CO T1TUOU'LY VAPIABLE S;LOPE

DELTA (CVS;D) .ODULATOR/DE.ODULATOB CO'PATABILITY

I. Introduction

A draft MATO standard on the analog to digital conversion of

speech signals using continuously variable slope delta (CVSD) modula-

tion is presently being circulated among the military services for com-

ments. The proposed standard, "'Te Analogue/Digital Conversion of

Speech Signals for Tactical, Di1rital, Area Communications Systems,"

June 1978, seeks to assure traismission systems interoperabil., "

standardizing the systeii architecture and setting tolerances on key

system parameters. The draft standard (see Appendix A) onsists mainly

of end-to-eno system performance criteria, primarily signal-to-noim,

ratios and amplitude response characteriLtic-.. No standards are specific-

ally established for transmission-end/reception-end mismatch performance.

The Air Force Communications Command, AFCC/OA, has questioned

whether the limited number of sipecifications given are adequate to

assure system performance when the CVqD encoding equipment is not per-

fectly matched to Wie decoding equipment. Are the tolerances specified

sufficiently narrow to assure no serious signal degradation when the

modu] .to and demdulator parameters differ by the maximum amount

allowed by the draft standard? This is the question that this inves-

tigation seeks to answer.

Problem St-tr, nt Determine the adverse effects on the transmitted

signal and their severity wieii the CVqD encoder and decoder parameters

differ within the limits allowed by the draft STANAG on "The Analogue/

Digital Conversion of Speech Signals for Tactical, Digital, Area Com-

munications Systems," June 1978.

Approach The approach of this investigation is to perform a computer

simulation of the CVSD analog to digital conversion system then cvaluate

the system's performance under varyinp external and internal conditions.

Initially, a basic mathematical analysis of the system components is

performed and mathematical models of the CVSD encoder, decoder and the

1o



input and output filters are developed. These models are then translated

into computer subroutines and coded in FORTRAN. In the next section, the

tests used to characterize the model are described. These tests consist

of the standard voice frequency measurements as, idle channel noise, total

harmonic distortion, intermodulation distortion, signal-to-noise ratio,

and frequency response. The system is first characterized with the encoder

and decoder parameters matched. Each test is performed at frequencies and

amplitudes across the normal active range of the system. After system

performance under ideal conditions is established, the system parameter;

are allowed to vary across the ranges allowed by the draft standard

and the degradation of the transmitted signal by encoder and decoder

parameter mismatclAn- eva]uted. The results of the testing are then

analyzed to determine which parameter mismatches most scriously degrade

system performance and to determine if the degradation is serious enough

to prevent signal transmission.

2



II. Analog/Digital Conversion System 4odcl

The basic analog,/diRital CVSD system defined in !-he draft .si>n-

dard is shown in the block diagram in Figure 1. It consists of four

major components, the input and output filters, the CVSD encoder, and

the CVSD decoder. Fach of these components is discussed in the following

sections.

C\V.D Encoder Oneration The CVSD encoder structure is shown in Figure

2. The bandlimited signal from the input low-pass filter is applied to

one input of the comparator and sampled at the clock rate, either 16 or

32 kb/s. Each input sample is compared to an estimate of the signal

generated by the encoder feedback network from previous input samples.

In this model, the comparator output is +1 if the input sample is greater

than the signal estiuate and -1 if the input sample is less than the

estimate. This polar signal is converted to binary (+I = 1, -1 = 0) and

forms the transmitted data signal. To generate the next signal estimate,

the polar signal from the comparator is routed to the input of the slope

overload detector.

Slope overload, as defined for this system, is the condition when

the last three comparator outputs are identical, either all +1's or

all -l's. This indicates that the input signal amplitude is rising or

falling, respectively, faster than the encoder can track using the pre-

sent step size. Other systems define slope overload by different length

strings of identical comparator outputs. Strings of two or four identical

bits are also commonly used to indicate slope overload. The last three

comparator outputs are stored in a shift register within the slope over-

load detector and combinational logic circuits used to determine if a

slope ovetload condition exists. The slope overload detector output controls

the position of the switch shown in the block diagram. Under normal

conditions, when slope overload does not exist, the switch is in the

V. position. Upon occurrence of slope overload, the switch positionmin

is changed and V is applied to the input of the syllabic filter.
max

The syllabic filter is generally a simple single pole RC filter

3
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whos;e output is definepd as tile step si/'; of the CV M encoder. The syllabic

tfilter otroi; tie~ resnonse of the favitterii to the, ernreooe of the speech
sip 1- being p-rocessedl. Pro lon!ge I apj-.ii tion of V mi to thle input

of the syllabic filter causes the output to decrease to a minimum non-

zero value t1-at approaches V .. Under continuous slope overload con-

ditions, V Mxis continuously applied to the input of the syllabic filter

causinp the fi lter output to increase to an averag e value approaching

V x . The Magnitude of the syllabic filter outp it. is used to control the

amplitude of tlhe( output pulse of the pulse modulator. Polarity of the

pulse is controlled by the last output of the comparator.

The primary intepgrator responds to the sqo_ -re w, ve signal from the

pulse modulator and its output forms the signal estimate used by the

coiparator. At. the end of each clock period a new estimate is avail-

able to be used by the comparator in Peneratincr the next binary output

and the next -*i nal estimate.* The primary inr~t2-rator' s response con-

trols the maxi:,,urT analor sig nal frequency that can he proce: _edl Throuch the

the CVSD analog,, to digital conversion sy _te,-:. In figarn 3, ore shon

sample waveforms at each stage of the analoj7 to dig-ital conversion

process.

Encde A- !.~m The mathematical descriplion of thie, CVSD encoder oper-

ati-c- is lir, cly a- dIes-cri ption of its component filters, the primar,

integrator and the syllabic filter. One of the systcoi chnracteristics

Specified by the draft a taric~ard is the primary integrator response. The

impulse response, in its simplist form, is given as,

et) = cl (1

wh/fere

f C, th,-no l frequency of the filter in hertz

The pri-.ary inte-rtor Lenut ;ignal is tie qua' :ave output of the

pulse modulator, which for a single puloe can be described as,

a~t) =0 t < 0Oaad t > T

-a 0 4Ct !bT

S
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t where

1
T= sample rate

The primary int ; rator output is determined by convolving the filter

impulse response with the input signal.

C0

x(t) a(t.) * a(t) = fa(7) a(t - T) dT

-00

= 0 , for t< 0

[f e-27fcl t ] , for 0 r t T (3)27fcl

- a - e- 2 rfclT] e-27rfcl (t - T) for t > T
2 fcl

Since the primary intefprator output iu o! interest only at the end of

each clock period, when it is used for comparison with the input analog

signal, the continuous equations developed above can be simplified

as follows. For t = nT,

a n -a 1n
-- a i - n) n = 1 , 2 , . . M( 4 )

n

whe re
where-2 

rf T
= e cl

k = 2rf ci

Using suKir:-kzA t ior, The primary integrator output as the result of a

series of 1 oulses can be described as,

[ ! (1 O) + a (I - (Y) -, .. . + (i

?-- a  - n ( - C)
= (1 - na~a , for n 1,2, ... , TT ( )

71
n=O



This expre.sion can a]-o be defined recursivey, depending only on the

present input and the last output. Thi: definition can be used to

simulate the CVD enoder on a computer.

at

x x ca + (I _Lk (6)

The analysis of the syllabic filter output follows identically

that of the primary integrator. The impulse response of the syllabic

filter is,

P(t) = e tc (7)

where

t = the time constant of the syllabic filter
C

The recursive expression for the syllabic filter output is,

(I VM
n = l1 3 + (1-/3) - (8)

where
2=

C

2=rT, = ep[- -]

c

V = either V or V , the syllabic filter inputNmax mai

Encoder Computer Subroutine Fouations (6) and (8) are implemented in

the subroutine used to perform the CVSD encoding for this investigation.

Figure 3 is a flowchart of the subroutine used for encoding and Appendix

B is the FORTRAN code used. All of the system defining parameters are

transmitted to the subroutine through the callin: statement. ?Fricodinp

is performed on an array basis. The analog signal to be analog to digital

converted is first .3ampled at the clock rate and the samDles pla-ced in

the input array, which is of size 1 x 1, where M is the number of samples.

All of the samples are encoded by the subroutine and the binary data

Irc' m placed in the output array before the subroutine returns control

9
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to the callirn, proigram.

Two of the prim-iry sys. tm defiiin$ rarittrs, W.'AX and Ail

must be generated by. subroutine VyAXOPT (appendix I) before the encoder

subroutine is called. It should be noted that the constants kI and k 2

derived in eauation- (5) and (8) are not sncifically included in

the propram statements defining the primary integrator and syllabic

filtei, responses but re expected to be included in the values ealcilated

for WAX and V4IM.

The variable DC in the subroutine is the duty cycle of the

slope overload detector. This variable is not used during the encoding

process. Instea1. it is used only by 1V7AXOPT when the values of V]WAX

and V2V are being, deterninec.

C'1D" Decoder Oneration Me CVSD decoder circuit is identical to the

encoder feEdback c'*-cuf t.. A block d igram of the decoder is shown in)

figure 5. The only uifference between the c-coder and th: encoder is

that the decoder has no c'mrnnrator. The binary signal from the encoder

is applied directly to the slope overload detector and the output si-nal

is take,, from the prim..y interrator. The signal estimate generated in

the decoder is identical to that generated in the encoder, if te parameters

of each unit are idtt ical. However, at the decoder the signal estimate

is of interest at all times and not just at the sample periods, as the

decoder signal estimate is the approximation of the analog signal trans-

mntted by the Cv7D encoder. Figure 6 shows s-:iple waveforms at various

ooints within the decoder. The waveforms are identical to those shown

in figure 3, except that the decoder primary integrator output is shown

as a continiou oignal.

Decoder Airorithi since the decoder circuit is identical to the ,n(coder

circuit without the comparator, the mathematical analvsie ev:,,'e! P-r

the encoder is also anrlicable to the dedoder. One except'o>, ho.!,er,

is that the simplification used to obtain equation (4) is not . er;rllv

applicable to the decoder since the primary integrator output , 1he

decoder is required to be continuous. The recursive expressdion for the

decoder output is,

12
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y(t) y(t [N-]]I) e i + (1 - e l) k

for (N-I )T < < NT

where
1

T = sample rate

= 2rfcl

a = the primary intecrator input for (N-I)T < t < NT

fel - the pole frequenco of the primary rint,-rator in hertz

Analysis of the dcc.1L_ s:41labic filLer is i ,evtical. to :Lt of the

encoder syllabic filter and ecuation (8) also applies to the decodler.

V

N Ni +k (8)
2

where

2r
k2 = T I A N  the syllabic filter output

c

VN = either V or V.i, the syllabic filter input

Decoder Comnutnr lubrouitine Usin. equations (6) ",,1 (8), the decoding

subroutine is implemented ac shown in the flow iart in fipur. , Equation

(9) is not used since the straight line approximation provideJ b: Lhe

ialcomp plotter [rovides a sufficiently accurate representation of the

dccoO-r out ,ut for thiu irivesti2ation. Except for tihe eiruin.~o of

th'n comparison step used in the encoler sLubrouti.'e, the decoder sub-

routine is ,ir-arly identical to thet of the encoder. All commciit-: applic-

able to the encoder 3ubro uine are also applicable to th- decoder sub-

routine. The VORTRATI code for the, clecoder subroutine is ao:tcheu i'i

,pendix C.

15
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Encoder and Peco:%er Fr'u-.1;tr, From the exflresrioni develor-'d in the

preceO ing sec tions d.0crihjrg the (TVgD encoder arid decoder, i,: can le

seen that there are Four para:Cters that determine the characteristics

of the encoder and decoder. Tney arc, f cl for the primary integrator,

t for the syllabic filter, and V arid V . whose value determines the

magnitude of the ste sizes.

The draft utacnd-.rd rspecifiesi the value of fcl explicitly in para-

graph 3.2. wi en the primary inte iuator consists of a sinle pole filter,

the value of fcl is required to be between 100 and S00 ;1z. Other poles

and zeros can be added to the primary ititegrator, in accordznce with the

draft standard, however, only f is required. In this investig-ation,

the single pole version of the pri;3aury integ.:rator is used in the CVD

encoder and, decoder modlels.
For the syllabic filter, the draft standard does not specify the

value of t directly. Instead, t is specified in terms of the decoderc c

output signal when a Pivan input is applied to the encoder. ",7hen

the analog input signal at 300 11z is stepped .rom -42 d-hmO to 0 dBmO,

the decoder output signal is required to achieve 90% of its final value

within 2 to 4 milliseconds after the output sicnal starts to rise. (TiOTI:

For this system, the standrld specifies the reference test level point

to be -4 dEs. So, a -42 d~nfl is actually -46 dBm. All measurements taken

in this investioaCion are stated in dPmO, unless explicitly stated

otherwise.)

The values of V and V . are also not specified directly by the
max min

draft standard, but are specified in terms of the syllabic filter out.put.

The syllabic filter outaut, which has previously been defined as the

step size of the encoder and decoder, is required to .e linear as a

function of the slone overload detector duty cycle. The slope overload

detector duty cycle is defined. he ratio of the number of tines

slope overload is detected to tie number of samples in the sase nerioi.

In paragraph 3.4 of the draft stancard, the step size is shown ;s varyinp.

linearly as the duty cycle ranges from 0 to .5. The step size rivio, the

ratio of the syllabic filter output when an 800 Hz, 0 dEmO sign 1 is

applied to the encoder input, to the syllabic filLer o;iJput we:hen the

encoder input is pgrounded is required to be 34 dB ± 2 dO. This ;Fec'fication
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in combination with the specifications for fcl and tc determine the values

of V and V .max min
Due to the fact that the parameters interact with each other, the

values of tc, Vmax, and Vmin need to be determined recursively. A value of

fcl is chosen within the range given by the standard and an estimate of

t chosen near its expected value. The syllabic filter determines the
c

system response to the amplitude modulation of a voice signal. As the

highest frequency in the envelope of the voice signal is generally about

100 Hz, t is estimated to be the reciprocal of this frequency or .01.c
A nominal step size ratio is given by the draft standard to be 34 dB.

These three parameters are used to calculate the values of V and V
max min

Figure 8 is the flowchart of the program that calculates these values

using the subroutines shown in figures 9 and 10, then plots the resulting

syllabic filter output as a function of slope overload detector duty cycle.

Initially, estimated values of V and V min are used and the slopemax l

overload detector duty cycle and system step size ratio calculated when

an 800 Hz, 0 dBmO test signal is input to the CVSD encoder. If the

calculated values are not within the tolerances specified, V max Vin

are adjusted and the calculations repeated. This process is continued un-

til values of V and Vmin are determined that produce a slope overloadmax ri

detector duty cycle of .5 ± 1%, and a step size ratio within .01% of the

input value.

After determining the values of V and V , the entire CVSDmax min

system is tested to determine if the rise time requirement is met using

the parameters that have been calculated. The flowchart of the test program

is sho, in figure 11. To determine the system rise time, a test signal

consisting of alternate series of 500 samples of an 800 Hz, -42 dBmO sine

wave and 500 samples of the 800 Hz sine wave at 0 dBmO. The initial series

at -42 dBmO initialize the storage elements of the slope overload detectors

in both the encoder and decoder and get the system into an iriiti,Il steady-

state condition. After processing the test signal throuWh the -,ystem,

the output signal is plotted in the vicinity around one of the steps in

input sipnal power. The system rise time is then determined grlphically.

Figure 12 shows a sample output from this program for both the 16 and 32

kb/s sample rates. This test was performed with f = 100 Hz, step size

ratio = 34 dB, t= .01 for the 16 kb/s sample rate, and
c

18
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Innut and Outmwt low-Pas !i l-Irs The last of the mjor comnonents nakins

up the CVSD ,nnalop/dipital conversion system are the input and output fil-

ters. These filters are used to limit both the input and output sip-

nal spectrum to the voice band frequencies only. For telephonic communi-

cations, the voice band is generally considered to be those frequencies less

than 3600 !1z. For optimal system performance, these filters should have

a very sharp cut-off and hi,h loss characteristics in the stop band.

The purpose of the input filter is to limit the input sisnal spec-

trum to prevent aliasing due to the sampling process. M-hen the input

signal is sampled, in addition to the input spectrum, the output spectrum

also contains sum and differencc frequency components centered around the

sample frequency. If the in-ut spectrl-u. were to contain frequencies very

much larger than the desired spectrum, aliasing or interference would

occur when the difference frequencies fell into the basehand spectrum.

For this model, the input filter is considered to be an ideal low-pass

filter. The test signal generator output spectrum is limited to the voice

band frequencies only, with no components falling outside that range. This

simulates a low-pass filter with zero insertion loss in the pass band and

infinite loss in the stop ":nI.

The function of the output filter is also to limit the c5i~nul to

the voice bend, however, in this case, the components outside the original

input spectrum are produced by th non-linearities of the processing

system. The output filter smooths3 the sijnals and eliminates the harmonic

components above the voice band. This filter may have the same character-

istics as the input filter or may have a narrower pass band to improve

perfoririic-. The filter chosen for this modcl is a raximally flat, linear

phase symmetrical finite impulse response (FIR) filter. The moael of

this filter was developed by J.F. Kaiser of the Digital system Research

Department of the Bell laboratories. Reference 1 provides more complete

documentation of the filter model. There are two parameters tl-st define

the response of the filter, beta and gamma. Figure 14 shows tihe response

of the filter Fenerated by this program and where beta and gamma

are defined. Beta is the normalized center frequency of the transition

repion and gamma is the normalized width of the region. N ormalization

is with respect to the sample rate. This filter was chosen for its flat
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re iton i t Y p:v1;hiind in ordi r to , (in i' e ci st urb :trice of' he CV:D

C elco " r/ ','o or I I: -f- , : it,'o t' ion e ' r -he in -! ry t.-,y comnonor-to

it der inve lti ol t ion . Thc par'Ll:Iitr ; < 'I..n for the filte r are 3 = .1 /5

and Y .1 Ibi theo 16 1,b/s; ::'vle r-t'e o - .] and Y = .1 for the 32

kb/s Jal rule. Thb]- 1i li.-ts the Iiiter coefficients igenerated by the

pro,,rc nnd fieniro 13 nio.- the frequenoy resprnse for both filters.

1.0

.95 . . . .

0I

0 .5

Ilorrt1ized Frequency

Figure 14. atximallv i']at I, II FIter hesnonse

Characteri stic and PFrameter Definition

The center of the transition remion for the 16 kb/s filter is 3 ki-z and

3.2 kiz for the 32 kb/c Filter. As can be seen, the maximally flat char-

acteristic is achieved at the expense of ntop band loss. However, it will

be shown in the performance results- that the system cerfornance meets

mst of the cri teri secif;ed by the draft standard in spite of the

poor filter performance.

Filter S'i~otine: The filter pro-ram developed by J.F. ahiser is

used to generate the FIR filter coefficients, however, it has beCen mod-

ified to be a subroutine that returns the coefficient values to the calliner

program instead of printin-e them out. These coefficients are produced by

FITRGFrl then used hy subroutine FIITFTR to actually filter the si' nal input

to the filter, The maximum number of coefficients that can 'he roduced

by FITRGEI without prorram modification is :?00. Subroutine VII]i1 :!{

delays the output signal by 200 sample periods so that it has nt le-st
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TABLE 11

FIR FIILTER COEFFICIENTS

16 kb/s rrle rate 32 kb/2 cPr!e rate

P 1) o1. 9 2F. P( 1) 1.+5 r .2 72
P( 2) = 1,1 13:- ) = 7
8C 3) 1 .1 , 3--5 :?1 2 1 1) i+27 7 4 a

P 4) * 751F91+7 7b 6 ( 4) .. 923'22L'?E
P( 5) =. -,'35793172L~ ( ) = , , 371171

Et 7) = o23 7 L ,732 P( 7) =
7C S) = 1 37v81 17 ( ) A!--3_ .

B( 9) = o J 3€'L?7 D( ?) = 9 1.23
P( iC) : ",' i2:7q25L P1 1") = -,,1-531 321

s( 12) ' 7. 7,142 P( 11)132

P( 12) = ",2 1 ? 7 3"7 1( 12) = 17' 3' 42. 1

9( 13) = 5 - 3 8 11i )( 1') = :z 2 11t,
B( i:) = -. ,454e1 9 £( 27) . 7
C i9) -o t.1l2?17 P( 12) 21 ' 37 2L

F( 2S) = -3' 'j3 5 PC 20) 9.' L. -'-113-3

PC 2j_) = -: I 13:> P( 21) = -, 2S L+7£7E3
P( iP) : oJ4 ' ?9 $1 P( 29) = -I.1?1922

P( 19) 2 * 1 IS 2 19 ? P1 13)2
P( 2') l. -25L4 1 22) 2 39; t
V( 21) :l, 313 Z9 Q( 21) 1" % .3
S( 2?) = ",' A I E1 Q( 27) = 1 7
PC 27) : *-. P, " 21 P( 27) 7 -I3 . "

PC 24) - )117'56:1 ( 2G) = -• 3
PC 2:) 1 8 ( 2 ) = - 3
PC 29 E ) 11-644 FC 29 * 27,128
C 27) 2 - " ' i 2a2 PC 27) = 2.1
0C 211) 065 V,21 21 8) *. 2L '2 3
PC( 2-') 1 1 It.1429 P(29) = -. -lLu

pC( 31 ~ ~1 ni~ le 5' 1~
p ( 3 1) r5 F. aJ> . P 31) = * I 4
P( 32) = -L. 2.7 9( 72) 7

?( 31) : - 9 PC 33) = - '

F( 34) = -,.' r 31 {1,36 PC 3,) = -• a

E( !5) : If' u 5 - .
P( 36) 1 * ]'1Jb2 PC T} = -•

B( 31) 3 ) J' L'I 2( 37) : -.- ,a rrh ,1Vt
PC 38) : *L JT' ' C P( "5) = - c ?'J( )
PC 39) = L.*;. i';i.'J P( Z) * , ' ,

PC 4C) = r~~' C~= r~r.

BC 41) : . 2 '' L C 4l) L G
P ( 42) = .] )J' I3 L 1C ) , a:,.
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200 input sinal samples can be uied by the filtering alg'orithn. Equa-

tion (10) shows the filtering expression implemented by the FlITEI{

subroutine.

riP

Yn = B i + B, (x +x,_i+,) (10)

i=2

where

Yn = the nth output sample

x = the nth input samplen

B. = the ith FIR filter coefficient
I

MIP = the number of filter coefficients
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III. Performinc, Tests

A model o, he continuously variable ;loi,e d-1t i 1,,Ig to dig-

ita] conversion system is constructed from the component m:.odels described

in the previous sections. Fiqure 17 shows thr test config-uration Zirn-

ulated by the computer model used in this investiiation. T.e system

under test is shown in ficgure 1. In this simulation, the test signal

generator is a subroutine that penerates samples of a sinusoidal signal

that can be composed of up to two frequency components at individually

specified amplitudes. The standard test signal used in the perfornance

tests is an 800 H7 sine wave at -20 dBnO, unless otherwise stated. As

previously indicated, the reference signal level is -4 d3m. All power

measurements are made relative to this level. The test signal is generated

as an array of 5000 samples for most of the tests performed. This array

is then processed through the system, the output array of each system

component. becoming the input array of the next. The final system output

signal is then processed to determine the various signal characteristics.

qystem performance is measured in terms of the comonly used voice frequency

tests as, idle channel noise, total harmonic distortion, intermodulation

distortion, signal-to-noise ratio, and frequency response. These tests

are first performed with the CVSD encoder and decoder parameters matched,

then performed again .with various combinations of encoder and decoder

parameters to show how system performance degrades under mismatched

conditions.

Idle Channel Noise Test Idle channel noise is measure of the basic amount

of noise that the processing system adds to the output signal. The output

signal power is measured vhile the system input is grounded. Any non-

zero power measured is the idle channel noise. Before me- surn< the idle

channel noise, however, the system insertion loss is first set -o that the

standard test signal experiences no change in power after being processed

through the system. Idle channel noise is then measured as,

2
ICl Y (11)

n=1
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where

n yn the output siyna] amplitude

Ti = the number of samples

Figure 18 is the flowchart of the idle channel noise test used to measure

the CVSD system performance.

Total Harmonic Distortion Test Total harmonic aistortion is one of the

measures of system non-linearity. The CCITT procedure for measuringr

total harmonic distortion is to input a single frequency test signal

near the center of the system's pass band and measure the magnitude of

the harmonic components in the output spectruL;.. Total harmonic dis-

tortion is then calculated by,

E2 + E2 + -. + E

THD 2 x 100o (12)

where

E2 , E3 , ... ,E = the R!,N voltages of the harmonic signal
components in the output spectrum

E = the RMS voltage of the primary signal component in the
output spectrum

T - the largest harmonic within the system pass band

Figure 19 is the flowchart of the computer program used to calculate

total harmonic distortion. After processing the single frequency sine

wave test signal through the CV9D system, the output signal spectrum

is calculated using a fast fourier transform (FFT). Due to the limitations

of the FFT, the standard test signal is not used, instead, a 1000 Hz

signal at -20 dBmO is used. The FFT procedure can only measure sig-

nal components at multiples of the minimum frequency resolution .;hich is

determined by the number of samples in the FFT window. In this case, the

window lenpth wras ;pecified to be 256 samples, which allowed a frequency

resolution of 62.5 Hz at the 16 kb/s sample rate and 125 Hz at the 32 kb/s

sample rate. A 1000 1Iz test signal was chosen as being both compatible

with the FFT and a commonly used test signal in voice frequency measure-

ments.
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output snflspectrumA cannot mauethe cornonncnt at 800 liz.

47



IV. Test Flesults

The results of the tests described in the previous section are

presented here. fEach test was first performed with the standard 800 Hz

test siFrnal, while the CVSD encoder and decoder parameters were matched.

This test characterized the ideal system performance with the system

parameters at their nominal values. Next, the tests were performed allowin7

the system parameters to vary across the rang.es shown in Table I and usinp

test signals that varied in frequency and power across their normal

dynamic ranges, while still maintainini, enooder/decoder match. Finally,

the test were repeated ag-ain with the encoder parameters held constant

at one extreme of the permissible values and the decoder parameters allowed

to range to the opposite extreme. Each test was performed changing one

variable at a time while the other were held at their nominal values.

Idle Channel Noise The results of the idle channel noise tests are

shown in figure 24. For each sample rate, the idle channel noise perfor-

mance improves as the step size ratio increases. This results from

the decrease in minimum step size as the step size ratio increases. The

output signal depends entirely on the minimum step size when the system

input is zero or grounded. 5 ince the minimum step size is defined to

be non-zero, the output signal will alternate positive and negative

around zero atteriptinr to approximate the zero input signal. The smaller

the deviation from zero, the less the po-wer in the output signal and the

better the idle channel noise performance. System performance exceeds

the criteria specified in the draft standard. Idle channel noise is

-88 dl3mO vs. the specified -50 dmO at 16 kb/s sample speed and -97 dBmO

vs. -60 dBmO at 32 Kb/s.

Encoder/decoder parameter mismatch has no effect on idle channel

noise. This is a result of the fact that no matter what the enc oder's

parameters, the output will always be alternatin- ones and zero:' ahen the

encoder input is grounded. Therefore, the input signal at the decoder

will always be the same and the output sigenal will only be affected by

the decoder parameters. The idle channel noise performance unde' 'Is-

matched conditions will be the same as shown in figure 24 where tile
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parameters are those of' 1.;e loccider.

Totail i-rmonic Pi sto-tion The draft standard specifies no maximum

total harmonic ditartion for the CVSD system, hom-.ever, it is c -nerall~y

acceted thait distodrtion levels; of less than 20?, will not usually be

objectionable to the system users. As can be seen from.- thie test results;

showan in fieere 2? ytz rnrneat the 1G kb/s simple rate exceers

this limit by 4- f py e erfot-,mirico .',(n theli e rate is increased

to 32 kb/s; imoroves substantially. The total harmonic distortion level

droms to approximatley G7.Ficure 2G stows that the distortiont le~vel

at both sample rat-es is relatively] nxnstant for all input power levels

within the nor-nal opei'atin;- ran-e except Lit the very low power levels.

When the encoder and1 decode(r Tnarameters are mismatched, the total har-

monic distortion merfor-,nne a..Own :one de,-radation a -!ures 27, 22,

anid 2', nir~ T1he lret7--ount. of eviation from the Pqatche d

systemi performance occ-irs -it thre very low Tmower levels whnere the impact

will have the least effect. icfigure 2') chi-,total harimonic distortion

is most sensi !ive tUo mism.atches of the encoder and decoder primary inte-

grator pole fre quentc ie(-s. ',,'llbic filter time constants and step size

ratios 1-ave minimatl iicohact on, the syst(emi performance when mismatchied,

howaever, all ha.ve -o-ost irpact it the very low- input p.ow.ker levels.

IneroulW o' isotin In temdato distortion performance for

the system m-odel with nom.-inal parameter values is shown in figure 30.

As is the case with the total harmonic distortion test, the draft standard

provides no perfromanice criteria. In c'eneral, interrrodulation levels

of more than 4-5Sf will be objectionable to a system User. At the 16 k-b/s

sample rate, the intermodulation distortion measured ranpes from

1 to 5% depending, on the syllabic filter time constant used. The dis-

tortion falls to approxiMa-tely 1', when the sample rate is increa -e to

32 kb/s. Figure 31 shows the system interm-odulation response a:; the

input sic',nal power is varied. System non-linearities- cause the distortion

levels to rise at the very low sipgnal levels and at the hi!-h input power

levels. Across the normal on-eratinp le-vels between -30 dTmO and -30

dBrn0, the distortion is Venerally less than S.When the encoder and
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Figure 26a. CVqD System Total H monic Distortion Performance
vs. Input Signal 1-b,.,er with Enooder and Decoder
Parameters 1atched at 16 kb/s "ample Rate
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and deco '.(r aire Tii sntehe I , the n te-rrmodul L i on distortion rtrfor-

Mance ',ws he sa-me characteristics a,.- the total hrarrnunic distortion.

The stem iz ratio and syllabic filter time constant have a minimal

immct on :;sleamrfor-.ince as shown by the res;ults- in figurres 32 and

33. '..hen the priisary inte-rators hatve di ffeoring - po(le F-requencies, the

intermiodula-tion distortion measurerientfi s-how more cleviation from the

matche4] svr tem rprformanee as shown in fijgare 2 1.

-P vi -a -~ is Pato Vic ure- 3h to 1~3 show how the sys ha A eli

signl -o-rlseperformance changes with variations is -ys temn parameters

aind inCmut test sicenals * The TPperformance under :2-.atch--d conditions

with the standard test si.-nal show.%s very little variation with differing-

values of step size ratio, syllabic filter time constant, and primary

intefgrator pole frequency. Siglnal-to-noise ratio vs. input frequency

perfornmince meets the criteria set by the draft stnadard across most of

the voice band, 7ncoder/lecoder iis-nalch-s of 7-trn :, io and syllabic

filter time constant have very little impact on system performance,A

mismatch of the primairy integrator pole frequencies, however, h-ave a

much larg er effect on system perforiance. The '7111 is dle.rstdcd bDelo-.

the criteria set by the draft standardl, with thne largest dleviation frol:

the ideal -m-erformance occurin.a it the lower freceuenci:; * At the 16 kb/s

sample rate the STIR is lowered by about P : dB and at the 32 kb/s acd

~i; i-t-noseratio mroanc-vs. inmut si,-_nal power fails

to meet the criterii eststnlished- in the draft standard. ,At mos-t levtel]s

below anrmroxis-,atecly -13 d3m0 the model'Is performance falls be].oa the

dle s ired l31ev elI. Trends. in s's- tem performanc-.e as1.e result, of variations

in the sys temn para e -c can be :bere. a ite of thiaL poor se

a i li Nii atched sy7,tem performance miini i;1L cha:nge

as the ,7ys;tes T-ru Len a ed across the ranges s-pec ificd i-! -ible

1. 'Then the encoder and deccoder aire str, mJatche(d, SlIR, like 1-o 1 h -a,,nic

di ~ ~ ~ ~ ~ ~ ~ ~ ~ 1 o n daro-Iainditrin .vclLL11 §, vJ,,1

-otcbod a.*.performance except at the very low si,,nril 1evi.

athe re F.o'A 11.- es Acor ideal system perfur-ian so when the prir,. iy

1 ntep r tur mol- Fcrequencies are rnisnmthed.
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The rsuit: on tie test pzfor;:esm usinp thw' s teei ue iFae r-he..n in fj'i-

ures 44 to 17. 711(cooxt nose ,.i- :;corforma. 'nee colpl pew. i ii t~ie spot i tied

cri'eritl e-xcF li te top end of' the voice ban, The r!K)l'ls res -ponse;r

roils otff shr A. appi-ra xi natoly 3 i':z..Kif the dli'f Lalrda10s

sorey? - .,tC ewrnm is not: ',. owdhoban3warp ii unt il tK

Varslssi'1 the system vrnersha-ve very little ofston thie resrponse

charac terist'ie he the 'mnol dre and deco der are notche, tindr :..mu-

ma tchjes- cenrjt iTa', fr'er .'-cc response seIorin'.fllows;: the samer~

pa-ttern as tho Vt cc tri ; I A in tile- previoso;'- desci i.!hr 0 tests,. IoStem!

sizec ratio -nIi zyIl:-ic rijflr time const4ant, hllve %asu-lipat hile

the nriinary in t e Frater pa>c f'requency mnuc-es increas ed devia-tion from

the mIatche d tc Ia tiC

ijoinF t.1~ en~lu(cncv seiec tive ieir'ntLechni Cur, the rcs ;!Onse
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at the -;wl(e freiuercy at lboth the la &nd 3? i'o/s 2lo rates. AtI

if,'x /n- aierate and rt !7z for lie 5 i/s .a.~ rate

thr I p'equenacy rclonse cuir-e breac. sbarpl.. niecoder mis-

mat: hs ~~~e e~ yin ef feet en the-i firunc rof~e L~

syst em nor.,Dnmse Tets . 'h -e to ars intef(,rater pole, frey uq~cecy shows sliliht r

ore' effort enT the- re 'enr thain the otrier paraterst( .Its effect is

mainly.at thl"r" we freqioencies in the voice liane
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Response Performance with lPvrmary Tn*,ecmto:',
Pole Frequencies in.imatched at 32 kb/s >m;
Rate (-20 dl13mO Test %;i;gnal)
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V . Pane]r a:~ ioils -Ind Ieomn4i.j

I'he test results show.% that the computer model mo~nsa't of t!-u(,

perforriien a criatna set by- ',.1e dr-ift standairc whenoi the systaa.1*);r'i'I or

re te 4 ~ tYpn(m va loon The out-,ut' filter does na4

have the sop ':r-nd loss charac teri stico scfe in the stom-a rd !!

as a resul 1 t". syste,-m performance is mar,',ina I ' .l n a I-T'.0-1, I. _I

fall belowa tole established criteria Lln ies input poert;~" thr-

-10 JBmO. In spite of this, the ;zeneral effects of veriutionf- in "i

system prx-inc eter value.- and ence)'er/decodler mi smatclres can her ol ;evc 4

in the test rcozults.

1. L bhen Wie encod 4cr a:nd' decod~er are- inca, ofrerr;

s ize ra tA c,, .- ,j i -,-J( Pi~ I ,r time cons-Anit, ann) ce primary intc-rritor

pole frequency values within the tolerances 'allow.,ed. by the draft stand.ard,

have a tie li-Icble offect on the transmittcd, Ei-nal.

2. Tf tol step size ratio or th-e syllabic filter time constantii

are not the same in both the encoder itrjrd the decoder, the effect of the

mismatch c-)i .atransmitted sisnal -is neflizabl)e excort at inp~t_ non moer

levels le~ss thian -32 d~mO. At these levels, the effects would not be

noticea ble to the system users.

3. Systcm merformance is most sensitive to encoder and decoder

mnriaary in teprator pole frequency mismatches.* All the perform Ice tests

show a lar-er deviation frini the matcaned sy :2cM nerformance wh-4en the

eriry mt pratiors are mismatched !. Th-is t-oe of narnoeter :,ismratch

domi na tc.; mis-vi tremn-- of ti~ t, ji'or p araimters.

4. The §eqe anuof' ms:-7'. is lrinoib dv

by the adn filter when the rwsss band is restricted toI~ less than

Unth-sel raI e 'mno ? tn- s-'ple rteo, the response is Ceterrined

by the Cvr(PI enco~der and decoder' rins 'Li~nd. Thie frol-ien_-cy selentive

incaTpable. of :eti the draft staindiird, :emin %xaritiuni vs fe neo

en tenr,, a i Vtn in fi,,ure 7a of Appendix A. Thie enicoder and- dcode, r ale

have_ i re. -onse in il s off shir7mly anuve-: 1 klz- For the 16 lkb/ssu.n

rate, (; e::fadr requi res th ioth response not fall off more

thn5 !''nftil1(t is reacher'.

.Tt~o r*uc i f i !t ion I, rlrhrcu ,'v(3n in the r.sondij



,.~~~tto iii I 1 1 1~V2' ~rVico o 2r

T- 11o eri,,oc1' t ik? d 1 Tn moo) o ol t ce 2'5 i i

iS uijl,'e~ : c 1 i be necessary to dleterm~nce

if the sys,-tem- res ponse would continueC to meIet the, drift stundard! cri ocrio

undn-r misraitosedl condd tions.

Recoe-mendslti ons

1. *;ince this model's p' rfbrrnance is TmIarTiral undeor id-

condiltions , P-r iter 7;i i.~c cac the performance to fallblc

the criteria set in the draft -standar'd. Tcstin~ should be repeated us:ing

a filter th-at has hi~jher 'tpban,, lo-ss. The ad'ditional te~stinc -oV

concentrate on primairy intec ra-.or response i arhc between the

encoder and deco-far, since the oth!er T'Irumetcrs have little effect on

the sytem response.

2. qYstpm tolerance to bit errors ir the transmission system

was 'not tes--ted. Amsrtc between -ce e.ncodcr andi decodEfr -.ay cr

inicreas..ed sensitivity to transmission errors. TestinF to establish the

system resnonsr, to transmission bit error rate my be desireable.

3. The draft standard specifications for p-ain variation in tlhe

rep.ion between 4' khs and f !-vPa: te 1C, Id/ comic ratoe shouild

'Jos'Zi le '.. k-*

/ Testin; w9'3 ' -for .ed or tinum'k - n

If, 5r rCle ' e-Y(ctc-i to be ue" o') LeeC ('

L". '777 ~n oni the 'uirb<m] to

t srer'ii_ inb,

e~-pto '.a~ae< corur ii Lh !Ae, Tn al I Inad ion,

mre~r u;t mu Ar ir '. ot n1c eL cv, nc -i as do]c 5y f.r iCe1 ca t ions
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1. General

1.1 Analogue/digital conversion of telephone signals (speech or

other voice-band signals shall be performed by a delta
coder/decoder using syllabic compandin2- controlled by a

three bit logic.

1.2 Block diagrams of the coder and decoder are shown in Figures

and 2.

A C1
V. F. Filter Comparator | 0__

C F7 7 T z'Hodulation
IIevel

I Analyzer

=xyz + xyz

MLA
Integrator

1-incipal Pulse

Integrator .bdulator

Fig. 1 - Block Schematic of the Coder

C' Pulse F Principal G V.F.B
0'Ijbdulator Inteprater

DIntegr-ator

Fig. 2 - Block Schematic of the Decoder

I NATO UNCLASSIFIED
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2, Four-wire to Four-wire Audio Frequency Characteristics

2.1 Relative Level at Points A and B

The relative levles at points A and B shall be -4 dBr.

2.2 The absolute level is calculated by the equation dBm = dBr + dBmO.

2.3 Impedance at Points A and B

The nominal value of the impedance at points A and B shall be
600 ohms.

2.4 Return loss at Points A and B against 600 ohms

The return loss at points A and B shall be k 16 dB in the
frequency r-ange from 300 Hz to 3400 Hz against a load resistor
of 600 ohms with an input level of -20 dBmO.

2.5 Symmetry at Points A and B

Points A and B shall be balanced and not referred to ground,
i.e. shall be floating.

3. Details of the Coder and Decoder Circuits

3.1 Input and Output Audio Filters

For frequencies above 6 kHz, each filter shall have an atten-

uation of > 25 dB.

3.2 Frequency Response of the Principal Integrator

The ideal amplitude frequency characteristic between points F
and G is shown in Figure 3.

fl = 100 Hz to 300 Hz
0 6 dB/octave f 2 (optional) P 2700 Hz

dB 12 dB/octave f 3 (optional) Z 6400 Hz

6 dB/octave

f 1 f 2f3

f

Fig. 3 - Ideal Amplitude Frequency Characteristic of
the Principal Integrator

4 A TO UNr C LA S S I F I E D
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3.3 Modulation Level

A signal of 800 Hz and 0 dBmO, applied to point A of the coder
shall give a duty cycle (mean proportion of binary 'I' digits
at point D each one indicating a run of 3 equal bits at point
C) of cd = 0.5 at point D of the modulation level analyzer

MLA).

3.4 Compression and Expansion

In the coder and decoder the quantizing step size q which
drives the principle integrator at Point F, shall have an
essentially linear relationship to the duty cycle at point D
of the MLA integrator (see Figure 4).

ominal Values

_ $7Limiting Values
q(curve as nearlyq linear as possible

/ qo= Quantizing Step Size
0 at 0 dBmO

50 _ 1 + 98 cd
"o 50

c d~~ 0.5

Fig. 4 - Relation between MIA Output Duty Cycle and
Size of Quantizing Steps

It follows that the ratio of the quantizing step size at point
F corresponding to a ducy cycle of cd = 0.5 at point D of
the MLA integrator at the minimum step size q. shall be
34 dB (provisional tolerance: + 2dB).

3.5 Companding Speed

The following is valid for the condition that C is connected to
C'. When an 800 Hz sine ave signal at point A is suddenly
changed from -42 dBmO to 0 dEmO the output signal at point B
shall reach 90% of its final value within 2 mS to 4 rdS.

NOTE:-

The MIA integrator circuits of the coder and decoder shall
have the same characteristics and hence the same companding
speed.

NA T 0 U N C 1. A S S I F I E D
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3.6 Procedure for Testinp the Delta Decoder

The test bit sequence generator is connected to the decoder
input point C' (see Figure 2).

Testing is performed by means of periodical test bit sequences
(listed in Table 1) which result in audio signals at 800 11z at
the decoder output point B. The 800 Hz levels at point B
shall conform to the values given in Table 1.

When the signal at point C' is switched from the periodical
test bit sequence to the periodical test bit sequence g, then
the output signal at point B shall reach 90% of its final
value within 5.5 mS to 11.5 mS. WIhen the signal at point C'
is switched from the periodical test bit sequence g to the
periodical test bit sequence a, then the output signal at
point B shall reach 10% of the value of the periodical test
bit sequence g within 4 mS to 8mS.

NOTE:- for clarification

For an RC circuit in the MLA integrator with time constants of
4 mS fbr both charging and discharging, the envelope charac-
teristic of the output signal at point B is showm in Figure 5.
For the case of switching the signal at point C' from the seq-
uence g to sequence a, the amplitude at the beginning of dischar-
ging is at the first moment after switching higher - by a factor
of 50 - than the final value which is reached asymptotically.
The final value equals -42 dBmO, i.e. 0.0079A, the amplitude
at the beLginninc of the dischariying, is hence 0.397 (cd = 0).
The value of 10% is then reached at 5.76 mS.

1.C - - Amplitude of Test

0.9 I1E Signal g (c d = 0.5)
,nvelope

0.39- Beginning of Discharging

,nplituk of Test
,l Cod = 0)

0.00794 , -L-'1-
-- 0.18 ms 5.76

ms

Fig. 5 - Envelope Characteristic of the Output Signal
at Point B (Half the Envelope)

I A T 0 UtTCI.A9S IrIED
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Test__ Table I - Bit Sequences for Testing Delta Decoder
Test

Signals Bit Sequence Cd (dBmO) x)

(I) 1011010010010010110 -41.5 -+ 3
a 0

(2) 101101101010100100100100l00101010110110l -42 - 3

(1) 11011001001001001101
b 0.05 -25 + 2

(2) 101101101 0101001001000100100101011011011

(1) 10110101000100101011 -19 ± 2
e 0.I

(2) 1101101101010010001000100100101011011101 -18.5 ± 2

(1) 11011001000010011011 -11 ± 2
d 0.2(2) 1101110110010100010000100010011010111011 

-11.5 ± 2

(1) 11011010000010010111

e 0.3 -6.5 - 1.5
(2) 1110111011001000100000010001001101110111

(1) 11011010000001001111
f 0.4 -3 + 1.5

(2) 111011001 O0l O1 '3001000000010C001 C1I1 ] 10111

(1) 1il010l0000000101l +

g 0.5 0 1
(2) 1311101110100010000000000100010111011111

c d  Duty cycle at point D of the modulation level analyzer (MI.A)

(1) Sequence of 20 bits for a digit rate o 16 kbits/s

(2) Sequence of 40 bits for a digit rate o 32 kbits/s

x) For the relative level see para. 2.1 above.

I ,I A T 0 U N C 1. A S S I F I E D
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4. Electrical Performance at Points A and B

4.1 General

The required values under 4.2 to 4.8 are valid for the condi-
tion that C is connected to C'.

For measurement, the input (point A) and the output (point B)
are to be terminated with 600 ohms, and signals whose fre-

quencies are sub-multiples of the sampling rate shall be
avoided. Accordingly, where a nominal test signal frequency
of 800 Hz is indicated, the actual frequency shall be slightly

different; a preferred value is 820 Hz, but frequencies from
804 to 860 Hz.

The measurements according to Sections 4.2 to 4.5 shall be
performed selectively.

4.2 Insertion Loss between Points A and B

The insertion loss between points A and B at 800 Hz with an
input- level of 0 d!3mO shall be 0 dlr3O - 2 dB. The insertion loss
contributed by the transmit and receive sides shall not ex-
ceed one-half of the value.

4.3 Attenuation Distortion with Frequency

The attenuation distortion relative to 800 Hz measure lwith an

input level of -20 dEmO applied to point A shall be within the
limits of Figure 6. The distortion contributed by the trans-

mit side alone, measured at point G of the coder., shall not
exceed the limits indicated by the broken lines in Figure 6.

4.4 Variation of Gain with Input Level

The deviation of the output level compared with the value at
-20 dBmO shall not exceed the limits given in Figure 7 for a

frequency of 800 Hz.

4.5 Idle Channel Noise

Idle channel noise at 16 kbits/s:

The idle channel noise at point B shall not exceed -45 dBmOp.
The level of any single frequency, measured selectively, shall
not exceed -50 dBmO in the frequency range from 0.3 kz to
8 kHz.NAO U C SS F D8kN A T 0 U N C 1. A S S I F I E D
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Idle channel noise at 32 kbit/s:-

The idle channel noise at point B shall not exceed -60 dBmOp.
The level of any single frequency, meaured selectively, shall
not exceed -65 dBmO in the frequency range from 0.3 kHz to
16 kHz.

4.6 Variation of Quantization and Harmonic Distortion with Innut
level

The distortion shall be mesured unweighted with a sinewave

test signal at 800 Hz. With such a signal applied to point
A, the ratio of snal to distortion power at the output
point B shall be a ove the limits of Figure 8.

4,7 Variation of Quantizing and Harmonic Distortion with Frequency

The distortion shall be measured unweighted with a sinewave
test signal of -20 JBmO. With such a test signal applied to
point A, the ratio of signal to distortion power at the output

point B shall be above the limits of Figure 9.!

f Ml A T 0 U IT C L A S S I F I E D
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25

Input Ilevel
m dB -20 dBmO

1.5.75 - -

0 -F---± //4I I - - /-H-
30(N 800 1000 2000 2600 3400 6000

-0.75--

-1.5 /---t

- 3 .5 + /1 7 1 1 1 7 7 7 7 7 7 7 7 , / 7 7 7

Fig. 6a - Attenuation Dist'ortion with Frequency
at a Digit Rate of 16 k'bit/s

25

dB Inut Level
-20 dBmO/

0.5
0 .I I I 7/

-0.5 --- 30P -- -800-1009-- -- 10 2000 2800 3400 6000

-3

Fig Gb - Attenuation Distortion with Frequency

at a Digit 7ate of 32 kbit/s
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Fig. 7a - Variation of Gai~n with Input Level
at a Digit-Pate of 16 kbit/s

Test Frequency 800 Hz

0.5

0.5 _l ez // ///

-O 3 -0 d.O -20 0 5

-0.5

-15. /

n input

Fig. 7b - Variation of Gain with Input level
at a Digit Rate of 32 kbit/s
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Test Frequency 800 Hiz

10 _ _ _ _ _

-40 -2-2t -10 dBrr0

Fig.8a - Quantizing and Harmonic Distortion with Level
at a Digit Rate of 16 kbit/s

24 Test Frequency 800 Hz

21

20

16.

0

-40 -35 -30 -20 -10 dBmO 0

ninput I
Fia. 8b - Quantizing and Harmonic Distortion ",ith Level

at a Ph-it Rate of 32 hbit/s
I' PT( P T M -. A2 T i7
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tnu 16e -061m
S dB Innut level -20 dm

n 11.

3.

0~

0.3 0.8 1 1. 2 kHz 3

f -

Fig. 9a -Quantizing and W-Ir'ioric Distortion with Frequency

at a Digit Rate of 16 Icbit/s

21-o Input Level -20 dDrnO

S

0. .812 kIlz

f- -

Fig. 9b -Quantizin 'g and Harmonic Distortion with Frequency

at a Digit Rate of 32 kbit/s
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APPET DIX B

CVcl Fncodinl' ibrot:iJn

- ------------ HE ENCOERTOU90M I.INE.T.~N.C

ITHE SUIIROUTINE COetRTS AN INJ TIp. FVOC.rION AN T 1 C JJ-TIN ARY

Ic DATA STREAM. 20TH Zm~UT AND CIJTPUT Is DV4E THACWH PkRAIS.

Coss $oStststIsts33*32Z VMARSALES 3 ~ ixtn~mU f~ii

c INUT A M ARRAY CONTAINING THE INPUT TIRE FL.YWT1OM OWLES.

c OUTPUT A" ARRAY COMAINING THE OUTPUT BINAY DATA STREAM.

c w o ?HE MURDER OF SAMPLES.

C FCl. FC41. FC3 a ROLL-OFT FREOUDICIES Of THE PRIMARY INTEOWAOR.

C TO - THE TIME CONSTANT OF THE SYLLABIC FILTER.

C ALPHA *THE DECAY RATE OF TI.' PRIMARY INTEGRATOR.

C BETA THE DECAY RATE OF TY! SYLLABIC FILTER.

C EN - THE SCM CF TV! DIFEREN RETWMD THE CtURFEN INPUT' AND
C THE Ctfd4XT ESTIrATE.

C 041 * THE SIGH OF THE DIFFERENCE ONE THE PERIOD AO.

C OG - THE SIGH OF TPE DIFFERENCE TWO TIME PERIODS AGO.

C U*IN * THE MINIMUM INPUT TO THE SYLLABIC FILTER.

C WMX - THE MAXIMUMP INPUT TO THE SYLLABIC FILTER.

C FS - THE S PLE RATE.

c DELTAI - THE CURRENT STEP SIZE.

C DIF * THE DIFFERENCE I TUEEN TIE CURRENT INPUT AND "IW CURRENT
C ESTIMATE.

C XNI - THE CURREN'T ESTIMATE.

c DC * TIE DUTY CYCLE OF TH" SLOPE OVERLOAD DETECTOR FOR THE

C CURENT IMPUT M7hNO.

S I'SUBROUT INE S TTAR-

a INITIALIZE VAARLES AND ARRAY

REAL IMPUTCH)
INTEGER OTPUT(M)
DATA X4/-1,K' l ./', . V. PI'3.1415963 S'
SUN * 0.
DELTA" - IM

a CALCUATE DECAY RATES OF ENCODER FILTERS

ALPHA -XP (-(l. I P1 8 PCI / F))
KTA E xP (-(a. 8 PI / TC e FS))

C.--'-TART ENCODING
00 SO I - I'm

C-- CALCULATE THE OUTPUT OF THE COP~PT00

DIP. INPtJT(I) - XM
Fit o SIGN(1..DIr)

C-- GENEATE NEWI ESTIMATE

309 ALPHA 2 309 * (1 - ALMA) I DLTIN
U *URl
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C- COENMATE THE IEXY OUTPUT Of THIE SLOPE OVERLOAD ET'TCTOR

If ((((EN .A",. EMI) .AhD. V12) .EQ. 1.) .04.
I((lD .AMD. EMI) .PND. EM-) .EO. -1.)) V * UMAX
IF (V .EQ. UVAX) SUM - SUN M 1

C- GENERTE NEXT STEP SIZE

KLT4 - 3ETA * DELTAN # (1 - ETA) S U

C-- SHIFT THE SLOPE OVERLOAD DETECTOR SHIFT REGISTER

EMI ENI
OUTPUT(Z) - EN

C- POLAR TO 21MARY CONVERT

IF (04 .EO. -1) OUTPUT(I) * 0
99 CONTINUE

0C- CALCUATE SLOPE OVERLOAD DETECTOR DUTY CYCLE

OC - SUa A N
RETURN
END
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APPENDIX C

CVyT) Decodin' 0,iroutjne
tSUSACUTIN DECODEI ( IP4PT.O€,4PUT.NFSrFC CI FCIr3,1'C, UHJ.A, INC)

.-.----------------- MD DECODING SUIRO U I-TNE-.

C 141 SUBROUTINE DECODES "E BINARY DATA SYEAR CONTAINED IN T49
C INUT ARRAY AND PUTS THE OUTPUT TIM FUNCTION SMPLES IN THE OUT-
C PUT ARRAY.

CeSssUs*i*8Ss*ss *sss 2t2 UAIA I.ES tsm: mussm ss3*zugnxxzn

. INPUT * M ARRAY CONTAINING THE INPUT BZINRY DATA TIM.

i OUTPUT AM ARMY CONTAINING THE OUTPUT TIME FICTION

¢ Of THE NUMESR OF SA PLES

C FS * THE SAIMPL RATE

C FCI, FC8, FC3 - ROLL-OFF FREGU CIES OF THE PRIIMY INTEWATOR

C TC * THE TIME CONSTANT OF THE SYLLADIC FILTER.

C )N a THE CURRENT OUTPUT TIME SA P.E

C II - THE SIGN OF THE DIFFEREN4CE ONE TIME PERIOD AGO

c D - THE SI N OF THE DIFVMRCE TWO TI1I PERIODS AGO.

C UAX a THE MAXIMUM IIPUT TO T1E SYLLABIC FILTER

C URIN - THE RINI".J INPUT TO THE SYLLABIC FILTER

C DELTAN * THE CURRENT STEP SIZ

C ALPHA * THE DECAY RATE OF THE PRIMARV INTEGRATOR

C IETA * THE DECAY RATE OF THE SYLLABIC FILTER

C VC * THE SLOPE OVERLOAD DETECTOR DUTY CYCLE.

- SU IPC SARTART

4- INITIALIE UMRIANLES An ARY9

DI ION IPUT(N)o OUTPUT(N)
DATA XN/0". EMI9D/ ChiVO. PI/3.141ES2iS-oim - 0.

DELTMi - OJ!IN

C CALCUATE FILTER DECAY RATES

ALPHA EXP (-(2. 2 PI I FCI / FS))

0- START DECODING
DETAl * IE (-Cl. *I P1 T .' FS))

DO go I o l,N

.ET MEXT INPUT IT AM BINRY TO POLAR COPOT

of * IUUT /r(t
IF (tIPUTClI .[0. )3 DI 0 -1

C---- GE RTI E NEXT OUTPUT TIME SAMPLE

WM * ALPHA S 34 , (1 - ALPHA ) DELTAN MV4

U W.N
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C--- CENECRA7E 1'E NEXT OUTPUT OF TE SLCPW OVERL.OAD DEECTOR

IF (((( IN .AND. EM) P". "g) .[0. 1.) .O.
1((([E .A . E-4) E'8) .EQ. -1.)) U * V1X
IF (U .EQ. VMAX) SUM - SN . 1

C- GootEATE NEXT SlEF SIZE

DELTMN o IETA 2 DELTAN + (1 - WEM) 9 V

C-- SHIFT THE SLOPE OVRLOAD DETEC?1 SHIFT RErISEDM

NI[ * E1
OUTPLT(I) - X

e CONTZNUE

C- CALCULATE THE SLOPE OVERLOAD DETECTOR MMT CYCLE

Dc , SUM / N
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APPErIDIX D

FIR Filterinp Subroutine (FI]T! R)

SUIRIOUIC FLTENEXT. H,. . g)

--------------. ---FI FILTER SUBROUTIN--

THIS SuRROUTTH! FtLT~5 ON IN4PUT T11% VUwCTCH SskvM STRING USINGO
C, FILTER COEFFICIENTS c -" AED By ON EX--.':'44L FILTZ, Crh;RATOR
C ROUTINE. T.,F - FL. Z FL'!' VIC' I..-:P LES Ft":S ' IN THE

1: SM ARAYI AS T)- !':Uy A T;-lN TO T -r C."_LI 0 F. .4 DUE
, TO THE FILTER TZ6 c%,IC * .. -3 SArPLES AT T,9 &OIMIVI An'D -END
C Of TIE SAMPLE STRIiG -F LOST.

tClssllslsl lllllaUaIur V RIAZBLES f*l22l X2=fllsl u lllzu*sl

c XT o TIE ARRAY CONTANINO Tl'! I9UT S9I.E STRING MD ATR PRO-
C CESSIKO, THE FILTZRED $F.PLE STRING.

C H * THE hlUNE OF SAPLES IN THE IKPUT ARRAY

C PW w THE P4[ IIR OF FILTER COEFFICIEITS

C I - AM ARRAY COITAINING THE FILTER COEFFICIENTS

--- SUBOUTIrNE START

C- INITIALIZE VARIAILES AMD AMYS

ViNEISIO XT(N), D(NP)

C- FILTER THE IMPtT SAWLE STRING
DO 100 1 1.4MW
K - 20O* I
DO So J * I.NP
IF (J .E0. 1) " - f(J) 9 JTr(KJ
SUM a SUM * Wci) i (XT(K J - 1) XT(K - J *1))

XT(I) • SUM
ISO CONTIPIE

RETM

END



APPEIDIX E

FIR Filter Coefficient Genratin-, Subroutine

5 UINUTIME FLTRH(XTA.rM. OMA.P.)
-- ..-------------------- AXIMALLY FLAT FILTER PROGRAM-

.." THIS PROGRAM OUTPUTS T$M FIR FILTER C07FFICIENTS CALCULATED RY
SU3RQUTINE MXFLAT. THIS R""- r.T"KQ -I, S 'TE CALCULATED

~. COEFFICIENTS TO TIP' CA~LLING VZV1AM OR P.4!HS OUT TVE ERFCA r.SS-
S SAGES UHEN TW: Cf"'FFICXENTS C 0T IZ DET.EzrnND UE TO THE ChOGCE
OF INPUT PARAMIETERS.

THIS SU"OUTINE AND~ THE MXFLAT AND RATPRX *1!tROVTIME9 USED TO
C GENERATE THE P'XVr.ILLY FLAT FIR FIL " C' 77ICIZN73 A's! ADAPME
c FROM A PRccafR rV-LCPC Bv J. F. K. ;T- CF FELL L3C-;ATCIES.
C THIS PROGRAMf VA Pt LI- ED IN IPROCIS FOR DiGITAL SIrdAL PRO-
C CESSINO" Bv T IEE PASS.

C* $$$ S*X**&tSS*2U X'IELES Z 1UI= nUnzms2X gnnlXWX

C DTA * THE NORMALIZED CENTER FREQUENCY OF TE TRANSITION SMD

C GAM THE NORMALIZED UIDTX OF THE TRANSITION $AND

C P * THE NHIKR OF FILTER COErFICZ EMTS

c I A MN AY CONTAINING THE FILTER C EFICIENTS

C LIMIT * THE LARGEST NU13] OF FILTER COMMFICENTS ALLOWS

C ION a THE NU R OF TWE ERROR MESSAGE

C A &C s ORIG ARRAYS
Cuu~zutizusnuatnumnszanuunzzzznuuum u

- --. ,-- D OUTINE START

c- INITIALIZE UARIABLES AN" ARRAYS

DIMENSION A(f).34,(aw ),C(;0)
LIMIT - NO
CALL RWLAT(WTA, W#1MA, NP, As I. C, LIMIT, IERN)

G-- PRINT RESULTS

IF (IER0 .0!. 1) WRITIV6G,99) IMR. GAMM
FORMAT FOR SETA * *.FS.3.0 AND OAM a *,FS.3)
GO TO (10, FO, 30, 40), 1EZRIS RETU'R

* WITE(SoQN?)SW FO;MqT(" RE7"4 NOT IN RAG 0. - .|*0)

30 ilRITE(S.O9VS)SM FO;M4T(" CAWM HOT IN *AMU*)
STOP

s FORrAT(' GAMMA TOO WMALL, RIM 19 .4+*)
STOP
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APPEnDIX F

Subroutine MCFIrlAT - Part of FIP Fil. er Geerator

$UOW UINE M.AT(lE, GAO MP, a, so C. LIMIT, ZIER)
--- ----------- ROUTINE McnL A T

C THIS SUBROUTINE CO1M~fES THE COEFFICIENT$ OF A MAXIMLLY FLAT FIR
CfLINEAR P04ASE FILTER.

Ct~sws ie t*23lU281 ARIADLEN %*uM nnx ~ nmnzs xxxua

C 31 K * CENTER OF THE TW*NS!TOI REGZON. RAKOE - S. TO .5
C FREQUEMCY IS MORALIUD TO T S I.L RATE.
C -* UIDTH OF 'W TR "ITZIO REGION, WHERE THE OUTPUT APLITUDE

o DECREASES Pr~ 9SX TO EL.

o UNIT - THE MIMUM MURDER OF COEFFICIENTS IN TH FILTER

C I * TE ARRAY CONTAINING THE FILTER COEFFICIENTS

c IERl * ERROR MESS04ES
S1, MO ,AL VETLr-4-1

C 28. BETA W T IN RAMC'!
o 3, GWRA HOT IN RP.wCE
C 4, GAMAM TOO SMLL, LESS THi .04

C A a UORKINO ARRAY

C C - YORKINO AY

c It - NUER OF ZEROS A? NYOUIST FREUENCY

c L * NUMBER OF ZERO DERIUATIVES AT ZERO FREO

C HT - FILTER IALF ORDER W 19 - I

C-. .WIR[E START -

C- INITIALIZE VJARIAILES AND Y1

DIPENSO AILIIT), D(LZMIT), C(LI IT)
IERR a L

S* 0
TIOPI o 3. 2 ATAM(1.0)
IF ((RE .LE. 0.) .CR. (BE .Q .S)) 00 TO 24
D" * NCl(a. a RE. 1. - a. S BE)
if ((CA .U. 0.) .Ca. (CA .CcL. #I)] 0 TO 90Itf o Ilfc~. / (4. 2 CA S CA))
IFr (Nr .*r. 160) Co TO its
Ac a (1. * cog('r, OPI a 32)) ol 11.
OUR " LIMI[TCALL RA I P(AC¢, MT. K, W.P OUlR)
N a aa1mp- 1
IF (K CO0. 0) K a 1

0---. 0 m MAITUDE AT MP POINTS

0(1) * I.

I
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LL * II - K
L. LL # I
DO 40or 0 2 P
FT a FLOATdI-I)PLOACN)
cd', - COSCTuOPI S I
X (A. - C(13) / a.

IF 4K AQ0. "T) 0O TO 49

00 36 J *IL

IF 4K EQ0. 1) GO TO a#
DO 10 JJ a IDJL
AJ * 4
2 *2 9 ft. + F.) AD)

10 CONTINUE

36 CONITIUE
A(1) - SUP 2 (1. X ) *2 K

40 COIUJE

C- CAUWCLA?! WEIONING COPS I AN -POIT IDFT

DO 70 I a 1. W
l(I) 0 AMI -1 a.

m 0 MOD(CI-I) 2 CJ-1),N)
IF (M1 AE. N?) 00 TO 60

so #I) - aCI) + C(M.+I) s AC.)
DOCONfTINUE

VCI) - B. X 3(X) - LOAT(N
70 CONTINUE

96 IER ,

* IER a3
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APPErrDIX G

Subroutine RATPRX - Part of FIR Filter Generator

SU~IOU"E RATPRX(, No. K, ,P. OLIN)
.................... -UROUTIME R ATXPRX

t' THIS WIROUTIVf COMPUT$S THE RATIOcIL FRMCTION APPROXITION, K/NP
TO MUMBEA A UIT)41N IKE LINIT OF Ht (- WP (s &M F0 THE WWNOIM-9. ATO.

8**.88*8SS~ts~lh*VARIABLES *UgMm nh*Z **t*Ms3xu
€ A * TIE DESIRED NUIBR

c N a INTEGER MAX LOE LRZT ON P

c K * INTEGER NUMERATOR

C WP a INTEGER DEMNMNATOR

c N RETUN AS P - I

C K NP IS 1NEAREST TO A IN THE ALGERRAIC SENSE. N ( LI)!!T

C--.......--UBRROUTINE START

IF (H .AE. 6) 00 TO 3
AA - A3SCA)
Al a IFIX(AA)
F* M)D(AA.I.)
G'tX * 2 * N
IF (OWAX .AT. OLIN) OFM OLIN
* , N-I

I 0o04,1.

IF (2 .AT. GOAX) 00 TO I
PS a 0 8 AF
IP - P,3 + .5
9 ABS((PS - FLOAT(IP)) -0)
IF( [ .EE. EN) 00 TO I
ER E
PP IP
00 0
o TO I

a K -SIQMCAI 300 +PP. A)
NP - Go
N 0 WP - I
IF (K .Ea. NP) 00 TO 4

3 C- 0
N - -I

4 NP - O
9 * P - I
N-K
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APPENDIX H

Syllabic Filter Output vs. 'lope Overload Detector Dut.- Cycle

PWGRAM STEPS3 ZIPUT.OTPUT.TEPES* IN ,TWEGPU TPLOT)

---------------------.--- STEP SIZE CALCULATION-
C THIS PROGM CALCULATFS TH. STEP S17E OUTPUT OF TW. SYWIC FIL-

C TEA USED vi r~ : CvsD El4Cc:- p.-i rr.- T1-Z STEp S,! tZTI
C ED AS A F! C'ICN CF T'' -- C'.- 7 ' rZECrCq CuMYT : j1*V cyCLE.
C THE DE1TC-.: DUTY CYCLC_ 1;"k'F. F 0 TO .S 9AlD Tv '
C SYLLr3!C FILTEI Ct rPT"JT vf.::' 3 C' CJLA-.ED 1%- PLOTT
C THE CALCULATIC6,S ARE P..; r.D ; C: :: 7CA 4 IS 1MD 3, KI,, SAMLE
C RATES AND THE DATA PLOTTED ON T I E Ai. UAP4.

C
C

CS~UUh12ZU2EU2I VAR.IABLES Ut fl3 2Un f
C
C
C CD a A REAL ARRAY CONTAININ T-E rTY CYCLE POINTS AT IDICH CALCU-
C LATION OF TH. AVERAGE STV SIZE IS -ERFORWD.
C
C STEP - A REAL ARAY CONTAINING TRE AV.RAGE STEP SZES
C
C VMAX * A REAL URIABLE USn AS T INOUT TO THE SYLLABIC FILTER
C TO DETERMINE THE fMAXIIL STEP SIZE.
C
C uIUN a A REAL VARIABLE U.ED AS THE ?PPUT TO TME SYLLABIC FILTER
C TO DETERMIWE THE MlNIlr.L STEP SIZE.
C
C FS a THE SAMPLE RATE KING USED.
C
C TC - THE TIME CONSTANff OF THE SYLLABIC FILTER.
C
C BETA a THE DECAY RATE OF THE OUTPUT OF THE SYLLABIC F1T A OINS
c ONE TI STEP.
C
C 1. J * COUNTINQ INDICES FOR THE *DO LOOPS.
C
C DLTA * THE CURRENT UAU E OF THE STEP SIZE.
C
o SUM e A PUNNIING TOTAL OF THE STEP CALCULATED TO BE USED FOR
C AVERAGING.
C
c V * THE CURRENT VALUE OF THE INPUT TO THE SYLLABIC FILTER.
C
C JOT, JT - INT'".ER LOIAS1ES U'SED IN CALCULATIG UHlE4 T1H INPUT TOC THE SYTLAIC FILr.A C..ULD uC owio FROM WqzN TO v . Tm
C IJNP IS .rAX FOR 6ITh' 'J*.

------------ -- PROGRAM STRT- -

INITIAUIZE UARIALES AN ARYS

DIMENSION CD(SSI. STEP(Sa
DATA PI 3.1415;56311/
DO I0)O IT * 1.2C

C--- ENTER VOPEING VARIABLES
C

OM 8. FS, TC.FC1, RATIO
C
C-- CALCULATE SYLLABIC FILTER DECAY RATE
C

BETA * EXP (-(e. X PI rC / fS))
CALL UWXOPTCIAX, UMIN,FS, FC1,TC, RATIO)C

C- STPT CALCULATON OF STEP SIZESC
0 1o 1 0 U.0

DELTA e S.

C
C- CALCUI.A[TE S STEP VALUES FOR EACH STEP OF DUTY CYCLE€

30 S o * IA"0

C- THE INPUT TO THE SYLLABIC FILTER 1S OIN UNLUSS J IS EVENLY
C DIUISA BL IV I.

V * WIN
Jot1 J / I
JT JO 1
IF (JT .10. J) U * VMA.
3I13* * KT8 DELTA + (I. - BETA) 9 VD
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SIM SLIM DELTA
o CONTIlNUE

C- CALCULATE DUTY CYCLE AND AVJERAGE STEP SIZE
C CO(I-I) - 1. 'I

STEP(I-1) * SUR 6 00.

C- CALCULATE THE 0.ERGE STEP MAE FOR A DUTY CYCLE OF ZNO.
C

DELTA 0 .

00 200 d - ls"
DELTA - M['rA I DELTA + (I. - IMEr) 2 U
SUM SU + DELTA

CD(So) - s.
STI(so) a SURM e M.

0--- PRINT AMD PLOT TIE RESULTI.

P*INT 1. * FORt ?W-, FOLLOWI:NG SYS'TEM PARMEq[I;MI
PRINT t. I SAVLE PATE 0 1,F$.* BPS,

PRIN1T ., TC * I.TC
PRINT $, a FCI - '*FCl
PRINT 2, - PATIO - *onTIO
PRINT S. THE FOLL..-JINO SYST" P40AT'ERS Ai*
PRINT 8,1 VPIAX * o.i,, -: "Vil,
PRINT *," MAXIMtiM STEP SIZE . "STEP(1). MZii" S1P 6= *

ISTEP(SO)
IF (IT .cT. 1) co TO 9"
CALL FACTOR(.$)
CALL PLOT(2., 2., -3)
CALL SCALE(CD,10.8.4.1}
CALL SCALE(STEP.S.I, ao! )
CALL AXIS(8.0.O8,1-s-rP s-% (U),13,6.S9..oSrEP(St),STEPC(S))
CALL Ax)ISC.0,O.S,1 .t.TV CYCLE-IdSe.@.OcDC51).CD(s8))
CALL K-CTC., 6., 6.. IS., 0., 3)

m CONTINUE
IC1WA IT - I
CALL tIMECDSTEP,S*,l.IlICNIA)

If"I~ CONTrINUE

CALL PLOTE(N)
£10
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APPENDIX I

VIAX Calculatinc Subroutine

$U1lROUINE W xOPT WAp , UPIN, F.I .Cl ITO* RATIO)
't t € $1t I t t i tI$f€s1 111Il~ ~ll~l~ll~ll$1l llll ~

c TNt 3UEROUTIME CALCULATES TH VAU.E OF UMAX t" LnIN R.AED ON
C THE ISPUT 5^ 'rtL RnT7.. SYLL3 C FZLT71 TO. F' ?1V -I ,-'- TOR
c ROLL-OFF FF:'*Z *-.',CY (FCi). v, ) T- ;TIO TVT-N '^ F10L 4 , STIEP
c S;IZE k140 MINIX .1 S.SO 1,:1 CUTPUT 17 T! I"!v)' "C FIL-. ~TS
c eALCULATICN .5 FZ: ;c'n AT A , Fv ' .;;.cy C4'; a HZ AMo
c SIGNAL LIT "S CP 0 :-MO. T, LALL.S CF 1-. -X ANDO VIrN ARE
C CALCULATED SUC4 THAT THE rTY CYOCLE oF THE SL4.,E OVERLOAD DETECTOR
C OUTPUT is .S.

Ceeueew15tee$1ssnzt:u snw NVARIABLES m rinznlu l* mz

C UAX a THE MAXIMUM INPUT TO THE SYLLABIC FILTER

C VMIN e THE NINIMUR INIPUT TO THE SYLLABIC FILTER

C FS * THE SMPLE RATE

C FCI * THE ROLL-OFF FREQUENCY OF THE PRIMARY INTEGRATOR

C TC v THE TIME CONSTANT OF THE SYLLABIC FILTER

C RATIO * THE RATIO ISETrEN THE PIAXI'MM STEP SIZE AND THE RlNIU
C STEP SIZE OUTPUT OF THE SY.LA3IC FILTER

C TS w AN ARAY CONTAINING THE TEST SIGNAL SAMPLES

C 3IOUIT e AN *NRAY CONTAINING THE BINARY OUTPUT OF T4E ENCODER

C PAKI - THE PEAK VALUE OF THE TEST SIGC1L AMPLITUDE

C DIF * THE DIFFERE'CE MTI-EEN THE SLOPE OVERLOAD DETECTOR DUTYo CYCLE AJ THE DESIFED VALUE OF .5.

C RAT * THE RATIO OF THE DUTY CYCLE DIFFERENCE TO THE DESIRED VAUJE

Caunnz sxu$t n SUROUTIIES USED zs 2 2x3ulxuxzxxzunZ*

C SIGNAL * THE TEST SIGNAL GENER*TOR

c URINOPT * CAtLCLATS THE VIAE OF VAIN THAT PAIRS UITH THE CAL-
C CUATED VALAE OF UMAX

C € NOOEI o TW CVD ENCODER

~issimsusunwinzswsm 2m222221
C-PJROUUTINE START

0-- INITIALIZE A VS AND VANIABLES

DIMENSIO TS(409I)
INTEML lIfOt0V(4N)
A(DlJM) o SiaT(1. n((DlM -4.015.) i .I1 X M.) h
PEAKI A (e.)URqAX o IS).

0- OALCUI.ATE TEST SZGMPL SMUILES

CALL $1NLcTSgFSo..,Ig.)
C--- START ~ CALCULATION LOOP

$ CORTINA
I;---- CALCULATE ESTIMtATED CNCD0= PARAtMKERS

CALL VMIhOPT (~AMUIN,F8TC,RATIO)

C-- PROCESS THE TEST SIGNAL

CALL CNCODE(?S,INOUT.4eg6,FS,FCI,FpCaFC3,TC,.UWlM .DC)

C- FIND THE DIFP[JEPCE SETIJEV TK DUTY CYCLE USING TW ESTIATED
C ~ A I ,N k THE LiS1.JD DUTY CYCLE

DIF * DO - .S
RAT a DIp f .5
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C- IF THE DUTY CYCLE 19 U!T1N 1% OF TW4E MSIRED LWA REMM
C THE ~ AND I MN VAU .S TO T1HE CALLING PIHOGRN

IF (AIS(RAT) .At. .01) 00 TO P"

C- OTER$ISE REESIMATE W ND REPEAT CALWCLATI

IX * UWMA * .S 2 RAT StW3Ax
Go TO 5

W CONTINUE
RETOM
EMS
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APPENDIX J

" THIS SUBROUTINE CALCULATES THE UAUE OF U11N T1-T PAIS uITH4
.~THE VALUE OF 4,:1AX TwAT Ii ! '1JT S3 TYAT T-E RATIO CF Th-E MAX-

. IIUM STEP SIZE TO MINlr4-I STE? SITE ATi T- CUTPUT OF ThE SYLLABIC
. FILTER IS UlTmIN .SIX OF THE VALLj CZOIFiED.

C644*s¢&SUs.sSuzz:XtzUSS VARIABLES flMzlzuztzSzzzuz**gtuzwzszi
c ~ a THE MAXIMIM INP'UT VALUE OF THE SYLLABIC FILTER

C UfIN * THE MINIMUM VALUE IP9TNJ TO THE SYLLABIC FILTER

C FS - TNI SA IPLE RATE

C TC - THE TIME CONSTANT OF THE SYLLABIC FILTER

C MXSTEP - THE MAXILM STEP SIZE AT THE OUTPUT OF THE SYLLABIC FIL-
C TER
C RINSTEP a THE MINIMN STEP SIZE AT THE OUTPUT OF THE SYLLABIC FIL-
C TER

C IETA * THE DECAY RATE OF THE SYLLABIC FILTER

C SUM - THE RUNNING SUM OF STEP SIZES

C RATIO - THE DESIRED RATIO ?E'r--.N T AX I V'A( STEP SI M * THE
C MINII STEP SIZE AT TIHE C4JTlT OF TkE SYLLA3IC FILTER IN DS

C R - THE UOLTAGE RATIO EQUIVALENT OF RATIO

C DELTA - TIC CURRENT STEP SIZE

C- INITIALIZE VARIABLES AMD ARRAYS

RM RAXSTEP. F IMSTEP
DATA PI,3.1415-..3i/
R * 1S. U (RA4T0 / a.)

-- CALCULATE SYLLABIC FILTER DECAY RATE

SETA * VP (-(2. S Pt .1 TC - Fit))

C-- ESTIRATE INITIAL UALUlE OF UMIN

UmAI * UMAX / 1*.

C START CALCULATION LOOP

6 CONTINUE

- INITIAL RUNNING SUM AMD STV SIZE

SM a 0.
IELTA a S.

(4---- CALCULAl NA A MAIIJI STM SIZEl

i to I - 1.914IDT. a
IT * IDa Ia
UJ URIN
IF iIT .EO. 1) U UMAXDELTA - %ETA 2 DELTA # (I. - BETA) a V
SUM * SUN9 + DELTAto lCONTINUE
MAXSTEP SUM / See.

c- AEINITIALIZE RlU#IIme AND SmNo T SIZE
KLTA - S.
SUR. *0.
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C- CALCULATE CURRENT ESTITE OF TME MINIU f S3 SIZE

DO 15 1 * 1,.~O
DELTA - KTA I rELTA + (1. - #ETA) X WIN
SVR - SU- " DELTA

16 COMY I NVE
MINSTEP - SUM / SO*.

C- FIND THE DIFFERECE DETUED4 THE ESTIITE AND THE SPECIFIED RATIO

TNIN F P'AXSTEP / R
DIF * TIN - MINST"P
RAT * AS (DIF) / TAIN 2 1".

C- IF THE DIFFERENCE IS LESS THAN .I REYURN UNIN

IF (RAT .LE. .e1) 00 TO 929

C- IF THE DIFFERENCE IS GREATER, THEN REESTI"ATE UINIMH AND REPEAT
C CALCULATIONS

UNIN 9 • IN 4 .5 2 DIF
cO TO 5

999 CONT I E
RETURH
END

I11
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APpPTDx ] vX.

P*OGRAM PULSE (INPUT, OUTPUT. TAPE#SOUTPUT, PLOT)

c THIS PROCRAM PLOTS TwE OUTPUT SIGNAL OF THE CuSD TPASMISSION
C SYSTEM Wh.iN THE VNOUT S: AL IS A !! HERTZ S!VS UA*E
C 7T4AT VARIES 15 W'L:nm:- c -A :7" TO e -- ". E TEST
C SIGNAL GEOAEPATCR ALT77NA'T.Ly 'T T S" f-AP.'iLFS Ar -A' Im
C AND ' i C;IN ER 70 _': SST7A

T- 
T -. SYST ''S 5--P "'SPONSE

c CHARPCTERISTICS. -: SY'J: Lhi TEST CC 'IsTS CF -'>_ !PUT
C FILTERTHE CuSD ENCCrER AND DECULER, AND ThE OUTPUT FILTER.

C*2Xt$t*$$$$t3*:SS: :1*222 UARIABLES zIfzz$$1z5$ xz usx$s:zIxz

C TSIN * AN ARRAY COMTAININ THE INPUT TIME SERIES SAPLES.

C ?SOUT - AN ARRAY CONTAINING FIRST THE DECCD.R OUTPUT TI"E SERIES
C SAMPLES, THEN THE OUTPUT TIME SERIES SAMPLES OF THE FIR FILTER.

C I * AM ARRAY CONTAINING THE FILTER COEFFICIENTS.

C TIME - AN ARAY CONTAINING THE TIME THAT THE FIRST 2" SAMPLES
C ARE TAKEN SO THAT THEY MAY BE PLOTTED.

C INOUT , ANl ARRAY CONTAINING THE BINARY OUTPUT OF THE CUSD ENCODER

C 1RP1 * THE AMPLITUDE OF THE TEST SIGNAL IN DBMS.

C FS - THE SAMPLE RATE.

C FCIo FC2. FC3 - THE ROLL-OFF FREQUENCIES OF THE PRIMARY INTEGRA-
C TORS.

C TC * THE TIME CONSTANT OF THE SYLLABIC FILTERS.

C UMAX I MIN - THE MAXIMUM AND MINIMUM INPUTS TO THE SYLLABIC FIL-
C TER.

C ITA - THE NORMALZZED CENTER OF TmE TRANSITION DAND OF THE LOW
C PASS FILTER.

C GAMA . THE NORMALI*ZD UIDT OF TVE ROLL-OFF REGICH CF THE OUTPUT
C FILTER. THE ,-GIC4 IS TUE FREQUENCY RAND BETUEEN THE 9Sk AND
C 6% OUTPUT AMPLITUZES.

C PEAK1 - THE MAXIMUIM AMPLITUDE OF THE TEST SIGNAL IN VOLTS.

C MP * THE NUMRER OF FILTER CO1EFrICIENTS.
c DC * THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR.

o RATIO , THE RATIO BETUEEN THE MAXIMUM STEP SIZE AND T E MINIMUM
c STEP SIZE IN D3

CS39&9*s*9azsS3tSXu SU8ROUTINES USED ZZZZZIzznzXUUzzzzzz

C FLTRGEN * THE SUBROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI-
C CIENTS.

C FACTOR, PLOT, AXIS, SCALE, RECT, LINE, PLOTE - CALCOMP PLOTTING
C ROUTINES

C SIGNAL * THE TEST SIGNAL GENERATOR. PRODUCES SAMPLES OF SINU$OI-
C DAL WAUVS WITH AT MOST TWO FREQUENCY CO1POthENTS.

C ENCODEI * THE CUSD ENCODER SU3qOUTIE UITH A SINGLE ROLL-OFF
C FREQUENCY IN THE PRIARY INTEGRATOR.

C DECODES * THE CV.1) DECODING SUBROUTINE WITH A SINGLE ROLL-OFF
C FREQUENCY IN THE PRIMARY INTEGRATOR.

C FILTER * THE SUBROUTINE THAT FILTERS THE INPUT TIPS S' R ES SAMPLES
C USING THE FILTER COEFFICIENTS GENERATED DY FLTRGEN.

C PLTIME * A LINEAR PLOTTING ROUTINE TO PLOT SIGNAL AMPLITUDE US.
C TIME.

C UMAXOPT - GENERATES UMAX AMD UIIN FOR THE CVSD ENCODER AND DECODER
C SUI'fJTINHES
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C- - -PROGRAIM START

C- INITIALIZE VARIABLES AND ARRAYS

DIMENSION TSIN(e0 ),TSOUT (S").TIPIE(2; i B(aN)
INTEGER BIMCUT(SZOO)
A(DBOM) * SQ'RTulV. XX((Dlme -4.)/10.) * .01 X 6.) S ORTC8.)
ARPI * -4a.
W2 - 0.
PEAKI - A (AMPI)
PEAKa - A CANPZ)
KH * 0.

C- INPUT AND PRINT THE WORKINQ UARIALES

READ $, FS
READ 9,FC1, TC, PATIO
READ $.BETA, GAMMA
PRINT S. * TRANSIENT RESPONSE TEST AT *,FS,* BPVS
PRINT S. W ITH TC - '.TC,' AND RATIO * ',RATIO
PRINT S, FILTER PARAMIrERS ARE, BETA - ',BETA.', OAMMA *,GM qA

C ---- GENERATE FILTER COEFFICIENTS AND CUSD SYSTEM PARAMETERS

CALL FLTRCN(PETA.GAY MANPB)
CALL VAXOPT(UAXcIN, FS.FC.,TC.RATIO)

C ---- INITIALZE PLOTTER

CALL FACTOR(.5)

CALL PLOT(8., Z., -3)

C ---- GENERATE INPUT TIME FUNCTION SAMPLES

CALL SIGAL2(TSIN, 51.FS$ ., ., PEAKI,PEAC2)

C- FILTER THE INPUT

CALL FILTER(TSIN,S04,NP,l)

C--- PROCESS THE INPUT TIME SERIES THROUON TIE CVSD SYSTEM

CALL ECCODE1(TSINBINOUT.Se,FS.FCI.FC2,FC3,TC.VMAX.Uf.DC)
CALL DECODEIC(IOUTTSOUT.5o0#.FS.FCIFCZFC3TCV AX,.V9INDC)

C--- FILTER THE OUTPUT OF THE DECODER

CALL FILTER(TSOuT,46W.NP.2)

C-- PLOT THE OUTPUT SIGNAL

DO S I 2 £ ese
TIMECI) I / FS

S COtTINUE
DO 6 1 - 1,22S
IK * eSO # I
TSOUT(I) * TSOJT(IK)

6 CO NTINJE
CALL PLTIE (TIME.TSOUT.225S.27)
CALL PLOTE(N)
END

SUWIOUTIPE PLTIME(X. Y, N. MX)

-------------------- TIME VS. AMPLITUDE PLOTTER

c THIS SUBROUTINE AES A LINEAR PLOT OF TIME VS. AMPLITUDE.

Csesassuuasessszszz:::z:Z VARIABLES zuzzzsggsnsuzssmgsgszzzsa

C X * THE ARRAY CONTAINING THE ORDINATE VALUES

C Y • TIE ARRAY CONTAINING THE ABSCISSA VALUES

C N * THE IKMR OF VALUES IN THE X AND Y ARRAYS

CUSSS 2*28*S3XU2XUfl SUBROUTIMES USED MXZltl82IZunssnXl2XU2Z2ZS f

C SCALE, AXISARECT, PLOT, PLOTE. LINE - CALCOMP PLOTTING ROUTINES
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€ - SUBROUTINE STAMT

C-- INITIALIZE UARIABLES AND ARRAYS

DIMENSION X(HX). Y(NX)

C-t SCALE THE X AND V ARRAYS

CALL SCALE(X, 10.. N, 1)
CALL SCALECY, 6.. N. 1)

C- BOX IN TIE PLOT

CALL RECT(O., S.. G., 1S., 0., 3)

C-- DRAU THE AXES

CALL AXIS(f., 0., IONTIPE (SEC). -10, 1*., 0.. X(F+.), X(N+B))
CALL AXIS(*., 0., 13JKAWLITUTE (U), 13, 6., S., Y(M+Il), YCNUa))

C- PLOT THE POINTS

CALL LINE(X V, . 1, 1 , 0;
RETURN
END

cazfl~s~zzzIz zlzzur'xz12z2113ZTzx uzs*nzz z*3zzam Uz38

SUBROUTINE SIcALa(OUTPUTN.Fs,FREOI.FREODAMPI.AP B)
.8a1mi sa*U* Izzzszsz:zfzzK2zfluxzz a12szzzg*2:zsgzflzzuggzz

c THIS SUIROUTINE GEN,"ATES A SIMGLE FRtGUECNCY SIKUSOIDAL SIGNAL
C ThAT ALTERNATELV - 0S0 SAMPLES AT ONE AMLITUDE THEN 500 SAMPLES
C AT A SECOND NPLITUDE.

CtBB:SBSSI::22:*:S ARIABLES xxx*2xZ*lflhZII*flZsisas~fZsrUt***zxZ

C OUTPUT - THE ARRAY CONTAINING THE OUTPUT TIME FUNCTION SAMPtES

C N - THE NUMER OF SAMPLES TO BE PRODUCED

$ FS • THE SAMPLE RATE

C FREW I! THE FREQUENCY OF THE TEST SIGNAL

C FRE0G * U USED

C NPI - T14E AMPLITUDE OF THE FIRST S" SAPLES

C AM * THE AMPLITMuE OF TNE SECOND SO# SAlLES

C AMP - THE SIGNAL AMPLITUDE CURRENTLY BEING USED

€ ....--- 'SUIR JT 1START----

C INITIALIZE VARIABLES NID ARRAYS

DIMENSION OUTP H(m)
DATA PI/3.141S926S3i

S CONTINUE

C- SET CURRENT SIGNAL AMPLITUDE

AfP - AMPI
AiP * AMPa
AMP' * AMPJe

is CONTINUE

C- GENETE 50 TIME FUNCTION SAMPUlS

If (J .T. 5i) O0 TO S

C--- IF N SMLES MAUI BEEN GENERATED. STOP PROGRAM

IF tiK .0T. N) GO TO 999
OUTPUT(K) * AMP B SIN (a. s PI a FRE1I eS I K)
GO TO 10

M CONTINU1RT£URN
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APPPi I)IX 1.

Idle Oannel oi Fro 'v~in

P004 I DLENOI ( INPUT.o UTJT.TA ES rUTPUT, PLOT)

--..............-IDLE CHWNEL NOISE PlROGR-A --

, THIS PR0=A MEASURES THE IDLE CsNHE?L NOISE OF THE CVD TRANS-
M ISSIONI SYSTIEM 61- N THE E.1CC. 7R .rN O~ 4 A- CC*NECTED SACK-

C TO-lACX AND THE li; U TO DE UiCCZg IS C.W0Uh.

C THE SYSTEM GIN IS ADJUSTED S0 "WtT AM PCO NZ INP iT SIGNL AT
C -2S D5I4 PRODUCES A -aa C M SICNAL AT TirE OUTPUT OF TC DE-
C COCER.
C
C*,ULsLI$1ISIIxLUUx*fl* I.AIABLES hZr1[U] U 1 Umh-r_ -

C FRE01 * THE REFERENCE FREQUENCY USED TO SET THE SYSTEM GAIN.

C TSIN * AN ARRAY CONTAINING THE INPUT TIME FUNCTION SAMPLES.

C TSOUT - AN ARRAY CONTAINING FITST TIv rCO.ER OUTPUT TIM- FLINCT!CS
C SNPLES, THEN THE OUTPUT TIM.E FUNICTION SAMPLES CF 7IE FIR FIL-
C TER

c 2 - AN ARRAY CONTAINING TIE FILTER COEFICIENTS.

C 1N0UT * AN AAY CONTAINING THE BINRY OUTPUT OF THE CM ENCODER

C AMPI * TIE M FLITUDE OF THE REFERENCE SIGNAL IN DRM.

C FS * THE SAMPLE RATE.

C FC1 FC2, FC3 - THE ROLL-OFF FREQUENCIES OF THE PIPARY INTEGRA-
C +OAS.

C TO * THE TIME CONSTANT OF THE SYLI. IC FILTERS.

C INX & UIN * THE MAXIMO NO MTNI.M INPUTS TO THE SYI.ABIC FIL-
c TER.

e STA • THE O0,LZFD 3 DR FREQt0UnCY OF TIE OUTPUT FILTER. THE
C FREQUENCY IS KC, .ALIZED 70 THE SAMPLE RATE.

1C MMA THE R LtIZFD WIDTH OF T_ ROLL-OFF R O!ON OT HE OUTPUT
c FILTER. Ti -I . IS THE FREO.ENCY SAmD I T EN THE 686% ND
C 51 OUTPUT WvlTu4Sj.

c PEKI - THE MAXIPMUl ANPLITUDE OF THE TEST SIGIL IN VOLTS.

c MP a THE NUMBER OF FILTER COEFFICIENTS.

C DC a THE DUTY CYCLE OF THE SLOPE OERLOAD DETECTO.

c PIN * THE P0eEN OF THE INPUT SIGNAL IN DSMS.

C POUT * T4E POWER OF T ICE OUTPT SIOML IN DBMS.

0 ICN * THE CALCULATED IDLE CHANNEL NOISE IN DIN.

4 .AIN o T1E VOLTAGE AMPLIFICATION OF THE SYSTEM.

Cas*sassmaS*sassassa SU:Q.t4C$E USED Z3UWK1J= CL2u

4; PLTROE * THE suIaOUTIIE THAT GENERmATS THE OUTPUT FILTER CEFIr-
c CdENTS.

c SIGAL * THE TEST SIGNL QXMERATO

C ECODEI * THE CUSD ENCODER

C SECODCI - THE CMD DECOE

C FILTER - THE SU5ROUTIME THAT FILTERS THE INPUT TIME FUTION S-
C PLFS USING THE FILTER CCEFFICIENTS GERTED IV FLIRGEN.

C POWER o A ROUT IE TO CALCVLATE THE POWER IN A SANPLED T lE FNC-
C TION WITH IPPEDENCE * 60 OHlMS.
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C- INITIALIZE UARIASLES AND AF49A

DIMENSION TSIMCSWS). TSOUTCHf), IVa")
REAL ICM
INTEGER ZOTS)
ACDRW) * SGRTCIS. Z2C(D3NS -4. )xIO.) 2 WI 2 6".) 8 S~T(2.)

C- INPUT AND PRINT WORKING VAIALE$

READ 9, rREOI, PAI, F5
READ X,FCl. TC, r.ArxO
READ 2.i-TA, r.q:TA
PzR 9, IDLEc CR'tfL NOISE TEST AT 0 IM 6 IPs'
PRINT So W ITH TC * .r' n Ll~O-1FTIO
PRINT to OUTPUT FILTER PAaTERS AREI BETA OJ*
PRINT 2. a4~ "' %&

C- GENERATE THE FILTER COEFFICIENTS A"D 0USD SYSTM PRAETR

CALL FLTR^$EI4C3ETA.c"MYA.IP 3)
CALL IAXCWPT (AX, AIN. FS*C 1.TC. RATIO)

a- GEEAI INPUT TIME FUNCTION SAMPLESi

PEAK& - A (A."Pl
CALL SIGML(TSXMSe".FS.FREgl.e..PE1I.O.',

a- PROCESS TIE INPUT TIME FUNeCTION4 retWIU TIHE CUSD SYSTM

CALL EICODEI (TqN. IPT. ;,5".mq ttFC.Fg*Ce-X. M
CALL KCDIIHU.SV.6.$FIF3F3To~UVC

.--- FLTER THE OUTPUT OF THE DECODER

'ALFILTERtTSOUT.M.HP,l)

'4---- DELAV THE INPUT SIGNIAL STAN? TO CORRESP TO THE
q: FILTERRED OUTPUT.

DO 30 10 - 1 4496

TSIWtID * TSIN(ED)
if CONTIUE

C- CALCULATE THE REREENCE SYSTER GAIN

CALL PO"(TSINQPW.FS.PIN)
CALL PO'RT^U.'3FO?
GAIN v SQRT (PIPVPOUT

C- GENERATE A ZERO INPUT SIGNL A

00 40 1 a * s
TSIM(I) - 0.

4 CONTINUE

C- PROCESS TIE ZERO SIGNAL THROUH THE SYSTEM

CALL ENCO.EI (TSIM.SIMOUT ,SD.FS.FCi .FC2.FC3.TC.R!A3.UM.DC)
CALL DECODEI(5ZNOUT.TOUT4$.FS.FC1.FCaFC3.TC.iALNDC)

C- FILTER TIE OfhTPUT SIGNAL

CAL ITER TSU.6 9"MP

0 ALUTE XTHE IDLE CHANEL NOISE *.Sl

CALPmV.U I4qFOT
IC 0 VOWOT

Q--- IT amTHE R1ULT



APPEN~DIX 14

"OCAM w"ADISTC IPur. OUTPUT. ?APE$. INPUT. Tomeo.uI"pJ)
------- ------ TOTAL HARONIC DISTORTION PfOOFA--

.THIS PROGMAH CALCULATES T 't TOTAL H'-OMTC D1S1T~gIN IN THE OUJT"tZ WHEN A !;INGLE FwLf, 'nY ?T'I T~ Is Ty4 A CVW: DZ ENCODER ANDLEC Cc- , C- Isc PxvL-~. :1rrztZ USItK ONLY TK.CZ .--CCT- L CC Pt!'-TS OF r).s C&m'u7 T~l T 'Z.EC 06NZ AM1D 4,X.3 NZ. Tr-Z AT EXACTLV Ig4 mZ GC 4 lao H2 % fOT
C ZNC~ULUD IN TK CALCULATZ~dI.
CSSRS*Saaaaasasssma*X VARIABLES U3U2mmun

C INPUT - AN4 IWCOCR MA OmAINIhqQ THE BINRY~ OUTPU of THE CMSC ENCODER.
C OUTPUT - A REAL APPAY CONTAINIM1 THW ! rlCon TpT ff

C TEST SIG'.IL CEI ATC'l 44D AFTER FROCESSIW. THE TZ FUNCTIC4C OUTPUT OF THE C:C,,ZA.

C PSX 0 A REAL A4,'AV C-4TAttH!Nll T)4E OlUTPUT SeP!CTPL P(Y--R CYooiCeTSC OF THS1 D-C^-C7 OtUT-'J AFTER PkCaSSIMQ liv THE FAST FOUPERC TRANSFOM SUk-ROUTINZ.
C ZhK, UK. CIA a WORKINO ARRAY'S USED NY THE FUT SURRturDE.
C FREQUE * A REAL APRAY C(NmTA!MNIH ?VS F7.LENCIES AT WHICH THE FPTC NA5 CALCULATED THE SPECTRAL COltn"DNTS.
C UREA THE FREOLENCV OF THE TEST SIGNAL IN HZ.
C AMP THE AMPLITUDE OF THE TEST SIGNAL IN DBMS.
C FS THE SAMPLE RATE IN )PS.
C A o THE PEAK VALUE OF THE TEST SICH4AL.
C UCI NFC2. FC3 e ROLL--CUF FPC1-'EKI FOR THE PRINCIPLE INTEZTORC I THE CtJSD DICOCER AMD DECGZR.

C iC THE COMANDIMQ SPDOF THE SYLLABIC IMTECRAIOR IN SEC.
C F*A FRENSK14C UAMTAJLE LME TO tF'!"IHE 1-f TrlT S!r.-o SPTO-C TRAL CC.:IO'CENT AND ALSO TO Ctxlqfl THE HARMONIC S1ECTRAL0 COFPi'OrfnT.

C Its - THE "M POllE OF THE OUTPUT SPIECTRIAL COMPONENT AT THE TESTC FREQUENCY.

o W - THE OUTPUT SPECTRAL COMPOt~fT POWER, IN DIN.
c SP o THE RUNING SUR OF THE POWER OF THE HNWOt1IC COPOENTS.
o Ti THE TOTAL HAMONIC DISTORTION IN X.
c hA IONOWLIZED 3 13 FREQUENCY OF THE OUTPUT FILTER
I 4NM THE NOWALIO ROLL-OFF BANDWIIDTH OF ?iq OUTPUT FILME

0 RATIO * THE RATIO OF THE I"**'IJ9 tTF* SM?. TO T" MNIMUM $TVSI:E IN THE CU$D ENCODER AND flCCE.; 0144N ON D3.
seaees,,sisiesisSUBROUTINES USED l ng u uu m

* ENCODEI * TNE CUSD ECODEM

AECOOEIa THE CUSD DECODER
c ~~OPT * GDCRATES VW AM VS hIN USED IN T7K CMS OMDU~C DECOE

C fLTERMC * THE COPPrICENT GENERATOR FOR 7NE OUTPUT FIllER
C FILTER *FILTERS THE OUTPUT SIQMAL.
c FTMP THE FACT FOURIER TR4OOh SUI E FROM TH VOlL
C LIBRARY
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C -9 OQW START

C- INITIALIZE IARIAILES AND AAS

DIMENSION INPuT(5")A .O.JTPuTsW01,PSXCISIJ

6oPPLEX C64(3")
VRE02 0 .
AIF3 0.

C- INPUT AND PRINT THE 60ORKINO UJARIAILES

READ S2 FREOl. APIPI, VS
READ S, FCI, TC. RATIO
READ 2, BETA, GAMMA~
PRINT *, A.'P - %AI,l DIMS. FRED a* .VREOI.9 HZ, &#4M RM
to I.FS
PRINT *.0 TC * 9.7C.,. FCI - 1,FC.0, RATIO o 0,RAIO
PRINT 2.* B~A.ETA J .W GAMMA *,W

C- DETRINE PEAK VALUE Of TEST SIGNAL

A a S~T(lf. IX ((AMPI - 4. ) / 10. ) X .Oft I S".) X S?(11.

C- ODERAE IPPUT TIME VFLMTION

CALL SIGtIAL(OUTPUT. SeOS,FREGI. FVREW. A.AMYI

C- 00DEATE THE FILTER COEFTZCENTS MID 0USD SYSTEM PAMETR

CALL VLTRG~l1c3ETA,0AIlAW,IS
CALL AXP 'hALlN S c T.AO

a-- PROCESS THE TIME FULNCTION THMM T11WE 0USD SYSTEM

CALL CNCOr-EI couJwIJT.1 ?U, P *,S, VCl *Ca, VC2.TC,WX,UM!N.DC)
CALL DCODE& C II JT,5 4O.VSF,FC1.FCa.FC3. TC. .*~A4IN.DC)

C--- FILTER THE OUTPUT SIGNAL

ZALL FlLTEROUTPuT,SWP,3

9 ~--DETERMINE TNE SPECTRAL COMPONENTS OF 71HE OUTPUT

C,--- REMOV.E THE MEAN OF THE SAPLE STRIND

D0 3 1 *M 14096
sun~ * . OUTPUT(I)

3 CONTINUE
AliC - SUM i4096
DO 4 1 - ,4S
OUTC) a OUTPUT(I) - AE

4 CONTINUE

CALL VTVPS(OUTPUT,DLU* 44M, M, ,PX, DPI, DUH IIWK.CI.K* 18t)

C- DETERMINE THE COMPONET AT THE TEST FREG.0M A CAWAAL6TE
c THE RMS VOLTAGE.

00 2 K a 3.12.
lKr - KV * 1
F w ((K-.)/2SS.) 2 FS
VflEfLE(KF) v V
PSXCKF) * PSX(K)

If (F .ME. F~IZT01 ) O TI
RE *. I PSXCJ) X() ee

15 CONTINUE

V REGI -- I
If C( .LE. 1".) .0OR. (F AT1. 40".)) 00TOI

00 IS 9 117



S00 15 - £0

COALULATE TOTAL HOhZC DITOTIONIS..1L
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APPENDIX rl

Total t',ar-onic i tor'i w'. -r -,,,t ,ntl Po'..'r

PROGRAM DTHD(I PUT,OUTPUT,TAPES-INPUT.TAPE6-OUTPUT,PLOT)

CT_---- -- -TD US. INPUT POER -- --- --...... -

C THIS PROGRAM IMVES CTATES THE VARIATIC4 IN W4OHIC DISTORTION
C AS THE SIGSAL IUT PC:-i is UqIED. THE !'.;UT PC'.:q 1s CMJ'HED
C IN .4 0B STEPS FRCM -43 Dra TO 0 DJ3O. THi HARMONIC DISTCTION
C IS THE OUTPUT IS THEN FEASLEgED AtD PLOTTED.

C THE PROGRA f IS REPEATED THREE TIrE, STEPPINGi THE STEP SIZE
C RATIO FROM 22 r3 T3 -3 D9. THE TI.EE SETS CF DATA ARE THEN
c PLOTTED ON THE SA.PE GRAPH.

C2Zf~ZU~lU~f~fl2VARIABLES zu:g mn znu:zs i

C INPUT - AN INTEGER ARRAY CONTAINING THE BINARY OUTPUT OF THE CSD
C ENCODER.

C OUTPUT - A REAL A"RAY CONTAINING THE TIFE FL'NCTICN OUTPUT OF TH
C TEST SIG'AL GEneRATER AND AFTER PROCESSIN2, ThE TIrE FUNCTION
C OUTPUT OF THE DECODER.

C POWER * A REAL ARRAY CONTAINING THE POWER THAT EACH SAMPLE IS
C TAKEN.

C PSX a A REAL ARI AY CONTAINING THE OUTPUT SPECTRAL PO'JER COMPOENTS
C OF THE ECOcr"q 04JTPUT AFTER PROCESSING BY THE FAST FOURIER
C TRA1NSFOR SUBROUTItE.

C 1K, UK, C K a WORKING ARRAY$ USED IY THE FF7 SRROUTIME.

C FRE UE - A REAL ARRAY CONTAINING TPE FREQUENCIES AT WHICH THE FFr
C HAS CALCULATED THE SPECTRAL CO qPCtENTS.

C H a THE MNUPT OF TIME SAMPLES TO BE TAKEN.

C FREG * THE FREUEN4CY OF THE TEST SIGNAL IN HZ.

C - • THE AMPLITUDE OF THE TEST SIGNAL IN DIM*.

C FS THE SAMPLE RATE IN BPS.

c t THE PMAK 'LUE OF THE TEST SIGNAL.

NA. 1K, CUK a WORKING ARRAYS USED IV THE " SUBROUTINE.

," FRE-M • A REAL ARRAY CONTAIHIM THE FR-ECUENCIES AT WHICH THE FrFT
." IS CALCULATED THE SPECTRAL COMPONENTS.

N~It a THE N"IER OF TIME SAMPLES TO BE TAKEN.

c FREQ * THE FREQUENCY OF THE TEST SIGNAL IN HZ.

c AMP * l AMPLITUDE OF THE TEST SIGNAL IN DINO.

C FS a THE SAMPLE RATE IN BPS.

C A a THE PEAK VJALUE OF THE TEST SIGNAL.

C rt FC2 FC3 a ROLL-OFF FREUENCTES FOR THE PRINCIPLE INTEGRATOR
C IN R CVSD ENCOrER AND DECODER.

C TC - THE COMPANDING SPEED OF THE SYLLABIC INTEGRATOR IN SEC.

C I, J, K o COUNTING INDICES FOR THE VARIOUS IDOO LOOPS.

C F a A FRECUENCY UARIABLE USED TO DETERIHE THE TEST SICNAL SPEC-
C TRAL COM.PONENT AND ALSO TO DETERMINE THE HARMONIC SPECTRAL
C COMPONENTS.

C ED * THE RRS POVER OF THE OUTPUT SPECTRAL COMPOPMET AT THE TEST
C FREQUENCY.

C REF a THE OUTPUT SPECTRAL CONPONENT POUER IN DIM.
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C SLM - THE RUNNING SUI OF THE POWER OF THE HARMONIC CO1 POIENTS.

C 1 a Af t RRAYV CONTAINING THE VALUE OF HAROZC DISTORTION AT EACH
C LEVEL OF INPUT POWER.

C I w AN ARRAY CONTAINING THE OUTPUT FILTER COEFFICIENTS.

C NP a THE NUMBER OF OUTPUT FILTER COEFFICIENTS.

C IETA a TIE NORMALIZED CENTER OF THE TRANSITION BAND FOR THE OUTPUT
C FILTER.

C GAMMA - THE NORALIZED UDTH OF THE OUTPUT FILTER TRASITION lAND.

CS:Z::tIXzII*11U1?111ZUsztZ~t1Zzn1~IZ U1 rnZrIxXr1Z~ZSlr1

• PR OGRAM STAR T--...

C- INITIALIZE VARIABLES AND ARRAY$

DIMENSION fl PLr(.r! .otl , pT(se e), Po!ERcee2).Psx(iSe)l(II (E), t:)),F.GtE(1e),THO(ED2), 1(208)

COMPLEX CLUK(2)
iqDBMOJ o SQRT(jS. St ((DBMS - 4.) / I0.) X .001 & 6SO.) SSORT
It

,- INPUT UORKING VARIABLES

READ S, FREGI FS
PRINT to DYNAM IC RANKE TEST AT 0,FS,' BPS AND ,FREQOI HZe

READ I, FCl. TC
READ S: XLEN, YLE, XMIN. XrAX, YMIN, YMAX
XSTEP - (Xl-AX - XIIM) / XLFN.
YSTEP & (YMfAX - Yl'IM] / YLEM
PRINT Z, TC a ',T,', FCI w 0,F01
READ JBETA, GAMMA
PRINT *.I LETA a ',ST2A.m, CAIMA - OGAM*
CALL FLTRGEN(BETA,GAMMA.hP*B)

C- START LOOP

DO Ie0 NR - 2,6.2
RATIO o 30. + MR
CALL VpXOPT(VMX,.VMIo.FSFCITC.RATIO)
DO See IS * 1,10
PO1EI.R(IS) * -40. * .4 3 IS

C- DETERMINE PEAK VALUE OF TEST SIGNAL

AMPI * A(PO6UER(IS))

C- GENJERATE INPUT TIME FUNCTION

CALL SIGNAL(OUTPUT,S4e,FS.FREO1.O..API,e. )

C- PROCESS THE TI E FUNCTION THROUGH THE CV SD SYSTEM

CALL EMCODEI(OUTPUT, -PUrSeFSFCIF.2,FC3,TC,UH¢AYoVlqlN
D C )

CALL DECOCEI INPUT, *OUPUT, 5009. F$,FC1 oFCO, FC3, TC, IAX VJN,VDC)

C- FILTER THE OUTPUT

CALL FILTER (OUTPUT. Se ,19,3)

C-- KIIIME THE SPECTRAL COMPONENTS OF THE OUTPUT

CALL FUTPS(UWT., D,4496, aSS6 e.PSX. DUJ. DUII, KLUKCULCIER)

,-- KLmINE THE COMPONENT AT THE TEST FREQUENC ND

C CALCULATE REFERENCE VAUAS.
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DO 8 K * 3,129,2
ir o KF # 1
F - tK-1)/256.) t FS
FREOUE(KF) - v
IF (PSX(K) .LE. 6.E-19) PSX(K) * 6.E-10
PSX(KF) - PSX(K)
IF (F .HE. FR01) GO TO 8
ES - SQRT( PSX(K)

a CONTINUE

C--- CALCULATE POWER AT HARNONIC FREQUENCIES

SUn - 0.
DO 28 I • 2.19
F e FRE01 / I
IF ((F .LE. 180.) .OR. (F .GT. 4000.)) GO TO 20
DO 15 J a 1,KF
IF (F .KE. FREOUE(J)) GO TO IS
SUM a SUn + PSX(J)

1 CONTINUE
20 CONTINUE

DO 30 1 a 2,30
F * FREOI t I
IF ((F .LE. 10e.) .OR. (F .GE. 40908.)) GO TO 30
DO 25 J • IKF
IF ( F .ME. FREUE(J)) GO TO 2S
SUM * SU- " PSX(J)

as CONTINUE
36 CONTINUE

C- CALCULATE TOTAL HARfMONIC DISTORTION

Tl (IS) o SORT (SUMR) / EO S 1eS.
IF (THD(IS) .GT. 100.) THD(IS) - 1".

s" CONTINJE

C- PLOT RESULTS

ICHAR a ICHAR + I
CALL PLTRANIG ( POER,THD, 1", ICHAR, XMIN, XL,JI, XSTEP. YMIN, YLEN, YSTEP)

10" CONTINUE
CALL PLOTE(N)
E"D

SUIROUTINE PLTRANG(X, YN, ICA R,XIIN, XLEN, XSTEP, rIN. YLEN, VS'T E)

C- N DY NIC RAKE PLOT SUBROUTINE-

c THIS SUBROUTINIE CREATES A PLOT OF THE Y ARRAY VERSUS THIE X ARRAY.

Ce¢ustat~sas:3S*::Z Z1XXS VARIABLES I :[S212* ,IzfIUZZZs:ISIU fIIr

, .4 * AN ARRAY CONTAINING THE ORDINATE VALUES

c V a AN ARRAY CONTAINING THE VALUES TO 9E PLOTTED.

C N * THE NUMBER OF VALUES IN THE ARRAYS

C _----SUBRORUTINE START- -

C- INITIALIZE ARRAYS

DIPkNSION X(4egS), Y(4096)
X(N+I) 0 XmIN
X(N+2) * XSTEP
YIN+I) * YMIN
Y(N+2) * YSTEP
IF (ICHAR .OT. 0) GO TO 600

C- ESTABLISH NEW PAGE ORIGIN

CALL FACTOR(.S)
CALL PLOT(2.o 2., -3)
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C- BOX IN THE GRAPH

CALL RECT(S., S., YLEN, XLEM, 0.. 3)

C- DRAU THE AXES

CALL MISSSS..BIPU O~R CDEMO).-S,X1.4.e S.XrnN.XSTEP)
CALL AXIS(0.0,.0,14DSTORTION (%),14,YLEN,P'O.O.YflN.Y5TEP)

C- PLOT VALUES

60e COKT~rIW
CALL LINE(XYM,11,I.04W
RETUN
ED
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APPENDIX 0

PROGRM PMTHD( INPUT,,OUTPJTT •ES.INP1T.TAPE.6OUTPUT,PLOT)

C -MISMATCHED THD VS. INPUT POER----

C THIS PROGRAM INVr.STICATES THE U4.IATION IN HAR?",IC DISTCRTION
C AS THE SIGNAL I',FUT PC' ER !S URIED. THE IOLoUT RO'ER IS C0, ';,ED
C IN .4 DB 5TE;S FROM -4) D7l TO 8 flH 8. !E HWRMONIC DISTCRTION
C IS THE OUTPUT IS ThEN KEAS jRED AND PLOTTED.

C THE PROGRAM IS RPEATED THEE TTr7S. LVILE Tv_ EMCODER PARAMETERS
C ARE HELD CC:iSTANT. TE CECOZIR ST7P SIZE RATIO IS LLC>ED TO V-1*i
C FROM 32 D3 TO .3 D3. ThE THREE SETS OF DATA ARE THEN PLOTTED ON
C THE SAME GRAPH.

C2*mii:*t*tt*t*lSiU VARIABLES **SzrU2222zUUUS2Z*1Z2USZ 2UUSz

C IPUT , AN INTEGER ARRAY CONTAINING THE BINARY OUTPUT OF THE CVSD
C ENCODER.

C OUTPUT s A REAL €PRAY CONTAINING THE TIrE FUJCTICM OJTPUT CF THE
C TEST SIGNAL GEfEf:TCR AND AFTER PROCESSING, THE TINE FUNCTION
C OUTPUT OF THE 0ECOCER.

C POWR - A REAL ARRAY CONTAINING THE POWER THAT EACH SAMPLE IS
C TAKEN.

C PSX o A REAL A;RAY CC4TAINING TPr- CUTIJT SPECTAL PCO 2ER cr=PONENTS
C OF TE COER OUTPUT AFTER PROCESSING BY THE FAST FO(LRjER
C TRANSFORM SUL;ROUT It-.

C IWC, 61K, CUK a WORMING ARRAYS USED BY THE FFT SU3ROUTINE.

C FREGUE - A REAL A RAY COAIMIN ThS FlEt'J.IES AT WHICH THE FFT
C HAS CALCULATED Th- SPECTRAL CCMPOtIENTS.

C N - THE NUMBER OF TIME SAMPLES TO BE TAKEN.

C FREG * THE FREQUENCY OF THE TEST SIGNAL IN HZ.

C AP T HE AMPLITUDE OF THE TEST SIGNAL IN DIMS.

C FS * THE SAMPLE RATE IN OS.

c A * THE PEAK VALUE OF THE TEST SIGNAL.

c IC1, FC2, FC3 - ROLL-OFF FREOUENCIES FOR THE PRINCIPLE INTEGRATOR
C IN THE CVSD ENCODER AND DECODER.

C TC a THE COMPANDING SPEED OF THE SYLLABIC INTEGRATOR IN SEC.

C I, J. K o COUNTING INDICES FOR THE VARIOUS 'DO* LOOPS.

C F e A FREQUENCY VARIABLE USED TO DETSIMINE THE TFST SIGNAL SPEC-
C TRAL COMPONENT AND ALSO TO DETERMINE THE HARMONIC SPECTRAL
C COMPONENTS.
C EO - THE RMS POWER OF THE OUTPUT SPECTRAL COMPONENT AT THE TEST
C FREQUENCY.

C REF * THE OUTPUT SPECTRAL COMPONENT POWER IN DfM.

C SUN s THE RUNNING SUM OF THE POWER OF THE HARMONIC COMPONENTS.

C TID - AN ARRAY CONTAINING THE VALUE OF HARMONIC DISTORTION AT EACH
C LEUEL OF INPUT POWER.

CUS::SU:::zu$lx e?1uurnZultrllzrx tll I £12ll3lllI I mllIX
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C------ PROGRAM START - - -

C-- INITIALIZE VARIABLES AND ARRAYS

DIPrEhSTCN IN3,C OUPUT9).POg)R(2R(2), PSX (ISO)

COMiPLEX CX(: 1)
A(DBMO) - StR~0 (( CDBMS - 4.) / 18.) 2 .901 2 S00.) * SQRT(Z.
1)

*CA -1

C- INP'UT UQAKING VARIABLES

READ S, FREQI, FS
PRINT 2,' D";IMIC RANGE TEST AT ',FS.O SPS AND 9,FREQI.0 HN
READ to FCI. TC
READ X. XLEM, VILEH. XMIN, X?-AX, VMN, YMAX
XSTEP a (X.':X - ):N!) / X'..M
YSTP a (Y'IAX - VP(IN) / YE5N
PPIHT w. TC - 1,%~,', rCi , *C

PRINT t,* BETA - ,cAI, CAMMA a $,GAMMA
CmLL FLTRGEN(BETA,CAAMA.NP,q)

---:TmRT LOOP

00 t0o$ MR *2.6.2
RATIO - 33. +N4
CALL VAOPT(VMX'MIlN,SFC,TC,RATIO)
IF (ICHAR .GE. 8) GO TO 2
EVNX - VtMAX
EUNN * UMIH

a CONTINUE
Do 500 19 1,18
POUERCIS) *-40. +' .4 2 IS

C- DETERMINE PEAK VALUE OF TEST SIGNAL

AM* A(P04.R(IS11

C- GENERATE INPUT TIME FU14CTION

CALL SIGNAL(OUTPUT,See0FS,FREQ1...APlP,e.)

C- PROCESS THE TIM!E FUN4CTION THROUGH THE CYSO SYSTEM

CALL ENOr(UPTI U,;,3FFIFPF3TV'XEMC
CALL DECODE1(ThUT,OUTPUT,S00,FSFCI.FC2.FC3TCVMAX.IJNINDX)

C- FILTER THE OUTPUT

CALL FILTER(OUTPUT,See..NP,9)

C- DETERMINE THE SPECTRAL CQorPONENTS OF THE OUTPUT

CALL FTFPS(OUTPUTDUN4O96,2560.pS.DUM DUM1.IWC.Ul.CJK.IER3

C- ELIMINATE TPE CO Y9, rTS AT O')0 FULTIPtSS OF THE SAMPLE RATE.
C DETERMINE TkE CCI-' 'ItNT AT THE TES FREGU.ENCY AND
C CALCULATE REFERENCE VALUES.

KF o 0
DO B K *3,129.2
KF *KF *I
F *((K-I )/256.) * FS
FREQUE (KF) - F
IF (PSX(K) .LE. S.E-10) PSX(K) S .E-IS
PSXCKF) - PSX(K)
IF (F .KE. F;EOI) GO TO U
EO e SORT( PSX(K)

3 CONTINUE

t- CALCULATE POIHE AT HARMONIC FREQUENCIES
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SUM - e.
DO 20 I • 2,10
F a FREOI / I
IF ((F .LE. CO.) .OR. (F .G. 4 0.O)) 00 TO 20
DO 15 J - i F;
IF (F .FE. I -EJ)) GO To is
SUM - SUM + PSX(J)

is CONTIhKE
20 CONTINI J

DO 33 1 - 2o30
F o FREOI * I
IF ((F .LE. ee.) .OR. (F .GE. 400.)) Go TO 3@
DO 5 J • 1,F
IF C F .K. F.-.OUEJ)) GO TO 25
Rm* s uml + Psx(J)

s ORTI NjE
30 CONTINUE

C---- CALCULATE TOTAL t WtIC DISTORTION

THD(IS) a SORT (SUM) / EO t 100.
IF (THD(IS) .GT. 100.) THD(IS) o 100.

SN CONTINUE

C---- PLOT RESULTS

ICHAR • ICHAR + I
CALL PLTRAmG(POUER,THD,100, ICHAR,.XMIN,XLEN,XSTEP,YVINiYLENySTEp)

1000 CONTINUE
CALL PLOTE(h)
END

SUBROUTINE PLTRAIGCXYN, CHARMIH,XLENXSTEPYMIN.YLENYST)

C- - ---- DYNAIC RANGE PLOT SUPROUT INE E----.

C THIS SUBROUTINE CREATES A SEMI-LOG PLOT OF THE X AND Y ARRAYS.

Cs2:zz~zugtzzzzzzZZ,:I3u VARIABLES 1121Z2IU:zz~ gfzm'zxzzz:zzzz:

C X o AN ARRAY CO!TAININO THE ORDIVATE VALUES

C V o I ARRAY CONTAINING THE VALUES TO BE PLOTTED.

C N o THE JEI-.R OF VALUES IN THE ARRAYS

C --- --- -- "ROUTINE STAR---

C- INITIALIZE ARRAYS

DIMENSION X(406), Y(4096)
X(1441) a XMIN
X(l+2) a X*7P
Y(N41) VP* H
V(NH2) - YS7EP
IF (ICHAR .GT. 0) GO TO SW

C--- ESTABLIS HEW PAGE ORIGIN

CALL FACTOR(.5)
CALL PLOT(2., 2., -3)

C- BOX IN THE GRAPH

CALL RECT(G., 9., YLEM, XLE. S., 3)

C- DRAW THE AXES

CALL AXIS(S.0,S.e,18HINPUT PCUER (DB l),-I9,XLEN..S,XM'INXSTEP)
CALL AXISC6.9,0.0,14HIDISTORTIC ().14.YLEf,. S.0YMZNYSTEP)
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C- PLOT VALUES

se COtNTINUE
CALL L1IEMXY,N..118IC4AR)
RETURM
END
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APPETDIX P

In terio duI ition t i ;lor tLor Ir .

PRO~A ITIERD( INPUT, OUTPUT, TAPES INPUT, TAr-OUTPu )

--------------- INTERODULATION DISTORTION PR AK -

C THIS PROOAMt CALCULATES TK IN TE "CTJTION DI "t'," OF a
c CvSD SYSTEM11 r~ r-2. ZlCC--R' ~ C^:.,' CT:D SACK-TO-
C BACK. DIST'rTI,"N IS 7-* , -3 ty I..-uT-mI A T-- C -- L. C. VED
C OF TUO E^j' 0: -LIT- -- 2:!-3 AT 1'. -z ON'.i ~- T.: 7
C A'PLIru:E OF IT- tIc "J ;-CT IS T:' .4 P ;:' ) 6-4D CD-AE
C TO THE IKPLJT SiL TO T THE FERIXT DI3T">TICtm.

C¢$XUS*3 $99*l2Z tsXZ* UARIABLES USZ*U Z*l Uflfr . .

C INPUT * AN INTEGR ARAY CONTAINING THE BINARY OUTPUT OF THE CVS0
C ENCODER.

C OUTPUT - A F7AL OAlA9A CONTAINIP41 T( Tl!*r FIJKCTICt4 WIWUT OF rl
C TEST SIG'.AL ' TC AND ATER POCESSIGo, TiC TIME FUlCTION
C OUTPUT OF Thi CtCC:R.

C PSX * A rlEA!. A 'AY CCrTAINIV TwS CUT'rUT SP_C'AL PCIwR COONE)M
C OF TK-. 'ZCCZER W7,'T f;TrtR PFV,:OSSIW4 BY Ti-E FAZT FOURIER
C T 0A1SFOZl (FFTi SL.-KCUTIME.

C IK, IK, C6K - UQRKING ARY USED NY TE FFT STROUTDIE.

c FREGUE • A CEAL AY Ct4TA!NIH TwE Fl' .ENCIES AT UIHICH THE FFT
c H CALCULATED TkZ SPECTRAL CC?;P&tt-S.

C N * THE NUMBER OF TIr SAMPLES TO BE TAMN.

S MPI * TIE AMPLITUDES OF THE TEST SIG ALS IN DIMS.

C F$ - THE SMPLE RATE IN tPS.

C PE - THE PEAK VALUES OF THE TEST SIGNAL COMPONETS.

le A *Dv OR @E' P-,vF)C CM THE PwXT TIC'EEv rETS OF VARIA'nX ?NI)1CATES
C TIE VARIABLE IS L';ED BY? EZTI1ER TH2 D.ECODER OR
C TIVELY

C FCI, FC2, FC3 - 9-'tL--C,- FPF' ,lCIES FOR THE PRINCIPLE INTEGRATOR
C IN THE CVSD E.DER AKD DECODER.

C TC - THE COMPANDING SPEED OF TIE SYLLABIC INTEGRATOR IN SEC.

c RATIO * TIC MAXIMUM STEP SIZE TO MINIMUM STEP SIZE RATIO IN DI

C F • A FR.L',CY UAIAD3t USED TO ~TeE II TH TEST SI"L SPEC-
c TrAL C: . -UOIT AND ALSO TO DZEINE TKE HARMONIC SAECTRAL

S P * RE TH OUTPUT SPECTRAL COPONENT POER IN DMI.

.UM * TmC SUM OF TiE POEN IN THE TEST SIGNAL CoPwIomm.

HP THE NMB~ER Of FILTER COEFFICIENTS

¢ I * AN ARRAY CONTAINING T1. INPUT AND OUTPUT FILTERt COEFFICIENTS
*$$ssaatassaaa5hsuzua SUBROUTINES USED 3ftm gmux[ nznt n smu

c ENCODEI - THE CVSD ENCODER

S DECODES * TME CVSD DECODER

C WAkXOPT * DETERNES THE VJALiES OF UMAXNO WMIN USED IN TNE
C ENCODER AND DECODER

C FLTRGEN * GEERATOR OF THE OUTPUT FILTER COEFFICIENTS

C FILTER • FILTERS THEC OUTPUT USING TC CCEFFICIENTS E IV
C FLTREN

C SIGNAL T T TES SIGNAL GENERATOR

C FTFPS * THE FAST FOlIER TRANSFO R FROM THE IP LIBRARY
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C-- - GAM RSMT

C- INITIALIZE VAR A LES AMD ARRAY

DIMENSION IPUT (5040), OLIVTCSOCW . PSX( 15O)
I IUK(20), 6K1Se)oFk.EoUE (e). (.a)

REAL IP 4D
COMPLEX =('K30)
A(DRM) * SORT (10. *S ((DIN - 4.)/I0.) X ."I 2 6.) 5 SONT(.)

C- INPUT A PRINT WOIXN VARIABLES

"EA 8, omp, FS
READ . EFCI, ETCo EVA O
READ t. r-C1o DTC. LATO0
READ to SETA. "-C'.-A
PRINT S, - :- r7ST FM~ !MM? SI"LS OF 7S ieeD to AT '

IAKPI.' WO AND ~'IRATE * .FS.0 121/1
PRIN" T. ETC - *_,. -, * ,.C1,, EPATIO * ' 0
PRINT S" DTC - oDT,. LrCt * ,'CI,, ..ATIO * *.;TIO
PRINT S, SETA * OBZTA,*, GAMMA *,

a- DET]E N PEAK UA.UE OF TEST SIGNAL

PTAK * A (AwlI)

C- GE . EPRTE INPU TIME FUNCTION

CALL SI0NL(OUTPT. SO". F$ S .. 1 ., PEW, PEAK)

C- GE4MTE FILTER 0CFFICIENTS AN4D CIJSD SYSTEM PARAMETERS

CALL
'..4LL FLTRGDhtBEtA,GYAA~hP,&)

* -- PROCE5S THE TIME FUNCTION TOWH4 THE MVD SYSTEM

CAbLL ENCDE OU", I PT, W , FS. ECI. FC3, F03ETC. EU .I,E.DC
CALL DECODEI I( INPUT, VruT, S , .FS,DCIFCQ.,FC3,DOCD1(.kI. Du , DC)

,;-- FILTER THE OUTPUT

CALL FILTER(iUTPUT,SM .NP°I)

C- s6UIRACT THE AVERAGE UALU FROM THE SAMPLE STRING

SUM a e.
DO 6 1 * 1.4e'96
Sum * SUM . OUTPUT(I)

S CONTINUE
AUER * SUM - 4996
DO 7 1 * 1,4e
OUtPUT(I) OU'PUT() - AER

? CONTINUE

C- CALCULATE THE SPECTRAL COMPONENTS OF THE OUTPUT

CALL FTFPS OUTPUT,"DI. 499G.856. #.PSX, "L! MUN. IuE.&W.C6.K. 111)

C DETERMINE THE COMlNENT AT THE TEST FREQUENCY AND CALCULATE
C THE RS VOLTAGE.

DO I K - 2,129
F * ((K-I)/X6.3 S FS
FREQUE(K-I) - F
PSX(K-1) * PSX(K)
IF ((F .WC. 7-4 .,PD. (F NE. 1e0.)) 0 TO I
SUM * SUM * SrRT ( PX(K) )
W - 10. 2 ALOGIO(PSX(K) / 6SO. /.001)

a CONTINUE

C- CALCULATE INTWODAA*TIOM DISTORIlON

DIF * M.
Do 1; 1 1
IF (FRE x(1) .MR. DIP) Go TO 1s
DIS * PSX(I)

IS CONTINUE
IFOD - SORT (DIS) / SUa I S$.
IF (IMOD .GT. 1?4.) IOD - IS*.
kITyfhG.S." IPIOD

ON F*R1MTC1X.'THE INTERMODUAATION OISIORIIOH I11 F..2*
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APP"Jirj.X

C -- ------ Z-N IRNEMD VS. INPUT.1 POE

C TIS PROGRAM KFASIAKS IPNTEWUL1ATIOR 01170-ON AS A F1JMCTICX OF
C INPUT SlrniL P)^. -4 IN A C. :) rr:*:A :i m r,-cc-.t
C PARAMETERS AkE Fz;ECTLY FATCV2. ~ -C-ETEV fl.=
C TIDEs As THE sTEP szz- RATIO IJ 4.AZIAE F# ,J U V TO) .j PA.

C TIE THEE SETS Of DATA NmTHEM PLOTTED ON THE SAM CRAP.

cssssszuszz~s AAI AILIES -I

C X - AM ARRAY CONTAINING THE TEST SIGNAL INPUT POWEIN AT WHICH DEA-
C mMREAENTS ARE MADE.
C V - AN ARRAY COhTAIMINO THE 1NTrE3RDULATION DISTORr!ON DEASIEl-
C RENTS.

C I - AN AY CONTAINING THE OUTPUT FILME COMICIMIS.

C 11400 - IRTERMODIJLATION DISTORTION AT TIE PRESEN TMS SIGNAL POWE

C FS -THESMPLE RATE

CB3 THE FOLLO'JINO UARIMCLS USE AN 'Et AND a 'DI Pr-FTX To INIDICANt
C UM BY EXTKER THE EC=COER CR LECOXR ESPECTIVLY.

C FCI w ROLL-OFF FREOUVICV Of THE. PRIMARY ZNTEG*TOR

C TO a THE TIME CONSTAN OF TME SYLLARIC FILTER

0 lN o TIC MAXIMUM INPUT TO THE SYLI.AIC FILTER

leI UR* THE MINIMU INPUT TO THE SYLLABIC FILTER

C META - THE NORMALIZED CXNTER FREOUENCY OF TIC OUTPUT' FILTER TRMS-
0 MTON4 BAND

C GAMMA - THE HOMIE Wfl If TIC OUTPUT FILTER TTWITIOM IMM

p - XXXSS~nnSUZOUThICS UZD ---

c FITRME THE OUTPUT fILTER COMMCENT ODERATOl

0 FILTER * THE SUtrOATfl THAT FZLTrvl THE !.CO OU.TPUT SIGNAL
* USING THE CCLFFIC1ENTS CALCULATED 3'Y FLTAOLM.

kqMAXOPT *CAtlCULATTS V*IA) AND VAIN FOR IME Cme DIomI
cAND DECOCER S4.JOUIMI.

c INTERI - THE SJ2"IMOUT!NC THAT CAL.CULATE$ Twt INTEROCOAATION DIS-
C TORTION IN TIZ Cvj;.D SYSTM OUTPUT SIGNAL.

C FACTOR. PLOT. SCALE, AXIS. RECT, LINE *CALCODIP PLOTTEMR OUTIDES

C- INITIALIZE VJMIBLE AND ARRA

REAL IPIOD
ICA * -I

C-- REA Me PRINT THE WORKING UAAAILES

WEAD *. FS
REA t: EFCI, ETC
READ 8. DFCl, DC
READ 21 IETA. 414wM
POINT 2,0 FS - ',FS
P" INT W, ECC % EFC1.1. ETC e %ETC
PRINT to a ;CI * %tc1.% a TC - oDTC
PRINT 9,0 &ETA 3VBZA.'. GAMMDA 6 %OA~

0- CRA~TE LOW-PASS FILTER COEFFICIENTS

CALL FL 3V4CETAGAMA.P.3

C- START CALCULATION LOOP



0- CALCULATE Cm3 STEm PftDS

Ie.AR 0 IoHA 0 1
KNATIC * . + j
CALL VMATCM.J.$V~~fKTC

MfATZO - :L0. # j
CALL WnkxopTC %.DM VOCI .00, Dc I0 )

D- CALCULATE INTMD03SAIO DZST001ION V5. h"PV Pa

*RP -40. # .4 1 1
Xi I) I AMI'
CALL

loci
V4I ) * tOb

low CONITIU

C- PLOT THE KSILTV
if (KCAR AT. 0)300 TO on
CALL FA.TCR(.J)
CALL PL0T2.,a..-31
CALL fiCALE(X.1G..1C3.l)
CALL SCALE(Y.6..1.i.1)
CALL ).4S..Y11.Y13
CALL "x~.S,..~.LIT'.:( (L.,W3.1S.1 .... KC1vdX(1a))
CALL &ct.s..i...

CALL LV~E(X.Y,l1W~ 41.1VA)

CALL PLO'E(14)
DoD

IP.D. 11309

@.-IW tR0D LAT?oI DlRTcrOw SIJ3*OUTIPC

o TISJ PROORA C*LCULATES TPA' INT77"'"ILATION DS ?I" OF A
C OVID MYSZ1 t r-~ 1:EF CR0J' I; _A F EC c ctDA~:-TO-
o DACK. O1TCCTI:4 IS P-.^ _D BY I'-tw-r::.l A T. T .4 C.?E
C OF TWO E-.-_'. C . '~LlTL- I AT V: Z t~ 1 7*-
C WFLI1UIT OF T IF*-' F' SYJCT I T',-!4 . 00 CC PRE
C TO 7)6 IIPU SAI.NA T6 L0,igRlhi THE KZCiT D1&7ZJ1Qh.

c IN.IV * Aui IPMEGE Am CONTAINING THE DIFWAY ChINUf 16w CUSS

* CW""h? e A PEAL 01" CMNIfwIMPI 7141 T!rw 7U1ICIQN OUTf MW THE
9 TST SICIAL CZ: wATCN4A MftTE PROCESSING* THE TIFE F *ICTIOII
* OJ1YU? OF THE LIL.4iR.

* *OX A REAL *IN e~VctWTAIIPG THE OUTPUT SPEOTNAL "-! C0SQ9TS
* OF T - t -Cc. A 0MV Lj? it7'4 FR0CrfLftH BV Time FAST F"0E

c' :K. UK. CtK *wie WKIGAR USED MY Tog1 F? SUBROUTINE.

0i P11LU - A REAL AP1NAY COKTAININO. "w FP1'T CIU A? WHICH THE FFT
C H" CALCULATED TMZ 60197XAL COAPORENTS.
C Wri * THE AHPLITUDKS Of 14 TIES SGNALS IN MMA.

F; vs - TIE SPLE RATE IN vs.

c PO e THE PEAK MAUC# OF THE TMS 014PFL COPRONITS.

C ft 30 00 *V PV! ON TWE "1!V TIPOOI "_t OF UVA'tLE !rrDIC*TS
C THE VARIAALEIS to~ L DY IV17)6 THE 0(000* Olt EmNcaL'putScC-
C TIILL

C PCI rCit FC3 - POLL-cUP IR'OU??CIES from THE POINCIPLE IKEOAATOR

C TC 0 THE CO~PU'IN* PE OF THE SYLLABIC IWEGNTOI IN SKC.

6 MT1@ a THE PWIRUP STUP S1ZE TO ANINUR. STEP $19 NTXO 11N 01

* F e A FREOLEIY VARIABLE USE) To m?7F,1) ?w TwSt sic"*L SnEC-
* YUAL CC~V-NET AND ALSO TO BETENNIN TIE HA0HZC SPEOTNL
* C0UC36DTS.
* SEP e 16 OUTPUT SPECITAI. CO~ftfQqY PO=~ IN DCI.

C SUR - THE SUN Uf THE POW0 IN3 THE lST SIGNAL COIPOPENTS.
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NC -W THE lMRER OF FILTER COEFFICIOIT

C I * AN MIRAY CONTAINING THE INPUT NoD OUTPUT FILTER COEFFICIENTS

m2*92atatm SUOUTIIES USED ... ....

o 31005(1 a TIE 014 DECODER

* FLTRMN e GEERATOR OF THE OUTPUT FILTER COEFFICIENTS

C FILTER - FILTERS THE OUTPUT UING THE COEFFICITS PRODUCO DY
o fULTRm

c 81Z4FL •T TEST SIGNAL GVWRMTO

o FTFPS * THE FAST FOURIER IT o SOA FRN THE I11L. LIBRAR

S -SUBROUT INE START-

4--- IITIALIZE VARIABLES AII ARRAV

oltSOt, 1omP4 (sq s ).OUTPUT(f#40 ) X( 15)

11AL MhOD

5(03110) a SGT (to. Is ((Dwoi - 4.)'1es.) S .001 S M05.) 2 NMOrI.)

C- DIESINE PEAK VLUE OF TEST SIGNAL

PEAK a A (AppI)

C- CECM79 INPUT TIME FLIOTION

CALL !GRl0LCOUTPUT, 45, FS, 7W.. 1M5., PEAK, PM)

V- P SOCESS TIE TIPE FUNCTION THROUH THE C6D SYSTM

CALL ENC0EI WrWT . UMT. rtiFS,EFCI ,FC3.FC3,ETC, - .,EU .DC)
CALL DECODU I, APUT. OU VIi.&".FD. DFCI .FCJ. FC3.ZPC, D WU*iN.,DC)

C- FILTER THIE OUTPUT

COLL FILTER (OUTPUT,• So", P,

C- SMSTRACT THE AVERAE VALUE Rnm TIE SA11PLE MTIND

DO 6 I 014
Sum • 5 * OUTPT(I)

S CONTINU.E

Do 7 I * 1 4;3
OUTlT(I) OuTPUT(CI) - AM? CONTIJS

o--- CALCULATE T E SPECTRL CWVOIEN1T OF THE OUTPUT

CALL FTir (OUTPUT, XW. 44..dSPS, UI. DIM. ZUI.k .CW. 15)

C UIEW[IME T$K COMPOMEP AT TIE TEST FREQUNCY 00 CALCULATE
4 TIE AIS UOLTAI.

P iA(K-1 I - F
P$XSK-Il * PSX¢)
IF tF .M. 7").) . WD. (F .9. 0040) O YI
uIm SU 4 S:..,T Px(c) )
REF e 10. a A 0 Q1(fitxt) I 6". $."51)

a CONTINUE

C---- CALCULATE INTNIODULATION DIT9O1ION

S I * ,t.
Do is I * I li

r ( ird At . M. DIP) 00 TO If

as ONITIP"J
IMIOD , SOT (D1S) 'fLS 1fe.
IF 41llOD .GT. 1t .) IOD * 100.
RETURN
a.
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APPENDIX R

~i~fl~ l-O-~) i K.i r, Prori

PSOW"M SNSMI PUT.OL PUT,TAmEBOVTPUT 2

S THIS PROGRAM M!EASUR~ES tHE SICMAL-TO-44O1SE PERVO8PAHCE OF a CV.S0
CENCODER AND DFECOrER CC~EC7D 1*C'C-TO-IACK. A S5:-,U F .LNCV
CSIME WAVE IS 1.*.;UT TO 7,~t SYSTEJA Af(D THE DIFFUZLifg.~ DKl' .Ei THE
C OUTPUT AMD INPUT COMPUTED.

C
c A MAXIMALLY FLAT LrPE R PH4SE FIR FILErV 13 PLO=E C" TH4E 0UTj"
c 07 THE DECODER TO REMOE SIQKAL COMPO~NNS ASOVE 36" HZ.
c
CS*S*flSUt2fl:Z*U2S VAIA8LES tn*3=UU Rt

C FREO1 - THE TEST SIGNAL FREOLENCY

c SHR THE MEASURED STE VALUE

c TSIN ANM ARA CONTAINING THE IPUT TINE MEIES SAMPLES.

c TSOUT * AN ARRAY COYTA!4'N FIrST 71r t'SC-'rr OUTPUT TIE SERES
C SAMPLES, TH4&N THE OUTPUT 71,, SERIES S-VPLES OF TIHE FIR FILTER.

C ERR - AM ARWAY CONTAIN!NG TW'I DIFFERENCE MCIWE THE OUTPUT SAO-
C PLES ANID THE Ihufl SA.PLES.

C I o I ARRAY CONTAINING THE FILTER COEFFICIENqTS.

C 81IOUT - AN ARRAY CONTAINING TH4E RINARY OUJTPU? OF THE CJSD COODEN

C AMSI a THE AMPLITUDE 07 THE TEST SIGNAL IN DUOW.

a FS - THE SAMPLE RATE.

C FCI 708. FC:3 o THE ROLL-OFF FREGLVICIES OF THE PIMAR DIE-
O fos

c TO w THE T1INE CONSTANT OF THE SYLABIC FILTERS.

C UMK & 1.MXN o THE MXIMUM ANO MINIMAN INPUTS TO TME 6%LLASIC FIL-
C TENt.

c DETA - THE HOMLT2ED 3 13 fROUrICY OF nTh OUTPUT PlthtE. TINE
c FRELOICY IS ftCii-PALIZED TO Til- SAMPLE RATE.

c GAMM - THME HOMLITDl WIDH 09 Ti-E PILL-*3PF Rc.OICN OF THE OUTPUT
c FILTER. T 117 415I THE FREQUENCY &AND UE.EN TINE 9SU AN
c 5% OUTPUT WPLITuES.

c MAKI - THE MAXIMUM9 AMLITUDIE OF TIME TEST SIOMAL IN VOLR.S

W* THE NMP*f OF FILTER COEFFICIENTS.

DC - THE DUTY CYCLE OF THE SLOPE OVERLOAD tETETO.

SSSAS#sassasazzSU3RWUTIhES USdD *ZLUU31 flSu gZflg1t~mZZx

C FLTRGEM o THE SIRUTIME THAT GENERATES THE OUTPUT FILTM COEFFI-
ClEATS.

SIGNAL 0 THE TEST SI"L GEHERATCR. PROCES SAMtlU OFSK6I
DA L WAVES WITH AT rOll TWO Ff -ZOMKY C~tr.'vN[NTS.

c ENCO0CI o THE CoSt ENCO! S SL'TONJTIHE WITH A SINGLE ROLL-OF
c FRENC IN THE PRU.-ARY IKTEGasTCfl.

c DECODEI - THE CUSD CECOD!'4G SUSlU~~T INE WITH A SINGLE POLL-OF
c FKEOLVCY IN THE FInPAYR INTEGRATC4.

C FILTER a THE S1JIROUTIVE THMAT FILMS5 TIRE IN"U TI"! SERIES SWLES
c USING THE FILTER CCZ.FFICIENTS GOEATED VY 7LTRGEM.

C POWER a A ROUTIME TO CALCULATE THE POWER IN A SAMPUM TM SERIES
c WITH IPIPEDENE * O WeS.

Cn33lw 22u 1tItfl mtn mI23nm 1 M
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C- INITIALIZE UAIAILES NO ARM"'

DIMENION0 TSIM"."). TSOUT(H). ERR(60W)
1 V200)

AMD3I) - S.ORT(IS. XV(DIMS -4. )10.) 2 WI0 3800.) a SORT(a.

C- INPUTV WORKNG UPRALE

KAO 2, VS
REA XFC1. VTC. F-1710

CALL kACJ? (.,X- x, SEFC1ETC, "ATI10
CALL .'(.'A.w4 74. VC1.1DTC, ,AIO)
READ 3.Ic.TA, C -i
PEAKI * (-c.
PRINT 2. S'R TEST AT Et 14ZAN SAP". RATE! *,F
PRlINT 3. *EFC1 - ',r;C. E- * -I,:O - 1,EPO'10
PRINT 8 X. U;C1 "-'. -* *. * -Arlo * -: xiro
PRINT a. FILTER PftiME~TES OAE. SETA * .RMM' - -. 0"
1A

a- GENERT OUTPUT FILTEN COCPV ICIDI"T

ALL fLTWG(N(3VTAG$MM.Pj.)

C-.... QfEEATE IPUT ?IPIE SCnlEs s^AWJs

-7ALL 1,LTlkWF,...P 1.)
C ---- PROCESS THE IhiPUT TIME SERIES TWPOUGH TWC CV6D OYSTE

CALL ENOEI(SI,9 4 .tW S FI ~.C.rC .NEi" C
CALL DEOEI( MUT0,,i ,Fi F .FCFD.C C

C- FILTER THE OUTPUT OF TINE DECO

CALL FILTER(?OUTSOW.9,)

C- DELAY THE Ih;4f S1GMAL STR TO COWSPOMV TO THE
c FVEMDR~t OUTPUT.

Do !6ZID I 4M9

TS.M(ID) *TSIM(KD)
39 CONTINUE

0- ADJA T OUTPUT NPLITM~ SO IPUT POM OUTPUT O

CALL POARCTSIN'7C.S.9PIM)
CALL PC41FR(TSC'--r,4,. .S.DOuT)
GAIN - S.AJT (PI't'POJT)

TSOUT(l) *TS,:U (I) 8 GAIN
40 CORTINA(

0- CALCULATE 71IE NOISE! POllE

Do S* I *.9
ERRMl * SOUTCI) - TSIN(I

CALL POE(,4e9,F.M)
c- CALOLAA1 TMC 54

so 0 10. S ALOOIO (PIN / am)

C- PRINT THE KESATSr

PRINT 3.0 THE SIGNAL TO H01K RATIO
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APPENDIX '

------------------------- ---- ---

cTHIS PROGRAMI FWASLES THF. S1GMAL-TO-WOTE KWOP04'CE Of A C JSO
c EC~ODER AND CEC:- CC., _CTED n-~T~~ A ' f V.SG.EhCY

c SINE UA4J IS P?:u -,^ 'r,: vSTLR NOt Tht DIFVE~iMCE I.ZTIJU14 THE
c. OUrtV A140 INPUT CO.e'1JTED.

C A MAXIMALLY FLAT LIPrAR PK"AE FIR FILr~ 19 PI.PCVD 014 TIE OUTPUT
C Of THE DECODER TO k.Jr3)v SIGIAL CCfo)O0NZM4S AaV 3600 HZ.

C THE PO0GAN IS A!PS-EA'ED TlHKE T~rZS AS T , VALUE OF Tt4E STEP SIZE
e RATIO IS CHAWIGLD F.,6A 32 TO :PS DO IM4 tTEPS OF 2 D2.

C

C FUEQa - Am ARRAY CONTAIP41HG THE F7MOECZES THAT ?AE SM HM DEEM
C MEASUW~D AT. T)MZ RANCE IS J.-S k TO ZJ4hZ.

C 0 AM ARRA COKTAIMING THE PtAME SR VALUES.

c TSIN AM AQV CONTAINING THE INPUT TIrZ FUNCTION4 SAMPLES.

C TSOUT *M ~Ar9 CONTAIMING FlS1 TVE rMtrER OUTPUT TIME FUNCTION
C SAMLES, THE TKE FLTZA OUTPUT TZl! S. L

C EM * AM A1A5' CONTA!MIM3 THE DIFVEMNCE 3EMMdW TOE OUTPUT SAM-
C PLES AMD THE INPUT SAeVLES.

C I - AM AAA CONTAINING THE FILTER COEFFICIENTS.

c DINCUT * AN ARMY CON4TAINING THE 3XMARY OUTPUT OF THE CIJSD ENCODER

C AMPI o THE AMPLITUDE OF THE TEST SIGNAL IN DIM*.

C FS a THE SAMPU RATE.

C PCI FC2, FC3 * THE ROLL-OFT FREQUEVICIES OP THE PRIM4ARY INTlEGA-
c lOii.

c TC * THE TIME CONSTANT OF THE MYLASIC FILTERS.

C YMAX & UMIN - THE MAXIMUM NO AMMP INPUTS TO THE SVLLADIC FIt.-
It TOl.

C UKlA * THE 0W.01AL7E 3 V2 I REOUI CY OF T" OUTPUT FILTER. THE

* PUCS.ENCv IS Pt mmAL1ZED TO Th-l i.MPLC RITE.

C WM - THE W'-".l MIZU1M Of THEw ROLL-OFF 9VQGCM OF THE OUTPUT
C FILTEV. T - 19~4I THE TREOLEN4CY AMD DETUEEN THE 9S2 A"D
c SD OUTPU AivLlTUcs

a PEI * THE MAXIMUM AMLITUDE Of THE TEST SIGNAL IN UOLIS.

a 1P o THE PMLOED OF FILTM CoOUVICIENTS.

a I a THE MURDER OF TEST TDIOLCNCIE5.

c IC e THE DUTYl CYCtl OF THE SLOPE OlEDLOAD DETECTOR.

CS6S~&&e~i $sit~~ $4jaOUTImES UL.Eo lszxxszzsxzzauzzzxxxt ahaxIs"

F LTRGEN * THE SUBRDOUTINE THAT GENERATES THE OUTPUT FILTE COEFFI-
CIEMITS.

c PLOT. SCALE. AXIS. DEC?. LIME. PLOT!. * CALCOMP PLOTTING ROUTINES.

c SIGNAL * THE TEST SIGNAL GENERSATO. PRDUCES 9*#WES oF SIiusoR-
4 AL WUES WITH AT?1MOST T60 TRjQI.ECV CCMPOIETS.

c ENCODE1 * THE CU.SD ENCOMPt Vt'9CUTI9'E WITH A SINGLE ROLL-*FT
c FREGIAJIY IN THE PWIIPRV IhTE ATOD.

C UCCODCI * THE CVSO DC^C:ING SL"Qnu~lE W~ITH A SINGLE ROLL-O*"
C FREQUENCY IN THE PRIPRw ZMTZWATOM.

C FrILTER * THE SUBROUTINE1 THA' FXLTQI4 rtI IMPUT TIME r TION No
C PUES USING THE TILTZfl CUFFICILerS Q24iRMAVED IV FLT4GJLN.

C POME * A RPATIPI TO CALCULATE THE PO06I IN A% SAMLED TIME P1190-
C TIGN WIlTH IPEDEMCA * 6w@ OHMS5.
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c -PPORGA START

C- INITIALIZE UOAIAILES AND ARAY'S

01PENSION FPc~l1 16S, SNR(IW. TSING000). TSOUTCEW"), ERRCEW)

INTEGER vIINJT(st ce9)
AMS SOT(16. t(CGSP -40)/10.) 2 .001 2 6".) 9 SOW(2.)

*CA -1

C- INPUT AMD PRINT WORKING VARIABLES

READ X. AM1, FS
RMA S.FC1.. TC
READ S.SETA. GAVNA
PEAKI - AtPI)
PRINT X. *S':2 TEST AT 4.AMP1. D3NS A"D G.FlS BWS
PRINT 1. *UITH4 TC - .,TC
PRINT 3. BETA -* %I"TA.. GAMM '* AM

C- GEERTE FILTER COEFFICIENTS

CALL FLTREN3ETA.M,I9.l)

c- IMITIAL?! PLOTTER

CALL FACTO(.$)
CALL PLOTSa.. A., -2)

c- START OF I~tL-TO-NOI3K LOOP

00 10" HTIMES 8 .6.2
DI - 0

C-* -c~ [CHA
RATIO) - a * mN1rtl
*..4LL VAaXtPT(VAX.AI,FSFC.TC.RATIO)

D30 K *300.3641.104
KM * CH 1

C--- GENERATE TEST SIOMAL FREQUENCY
FiEIIIK) - K

C---- GENERATE INPUT TIME FUNCTION SAPPUS

CALL SLTI.WF.~OKo0.E1S

C- PROCESS THE INPUT TIME FUNMCTION T)HOUOH THE 0USD SVS1M

CALL ENCODE(TSIN.UIOT.rr.-0.FSC,FC.C.FC3.TC,!X.I.DC)
CALL DECOLLI C 3ZNTTSOT.S&,F.C1FCaFC3.TC.~IAX.VAX,DC)

C- FILTER TME OUTrPUT O7 THE DCODER

CALL FILTERTSOTS".MPP3)

C- DELAY T)4E INPUT SIGNAL START TO COMRESPON TO THE
c FILTERRED OUTPUT.

D0 30 I10 1,4M1
KD - M~ *.D
TSIMCID) TSIM(KD)

30 CONITINUE

C- ADJUST OUTPUT NILITmE 5O IP~UT POWER - OUTPUT POWER

CALL PO1ERtTSI.4"S.FS.PIrO
CALL POLEATSVT,4c,2,FS.P"U
GAlh(KN) - S~i (Pir'/POU

DO 40 1 - I.4o;S
TSOIJT(I - TSOUT(I S GAINCEN)

46 CONTINUE

a- CALCIRATE THE NoisE POam

DO 54 1 - 1.4M9
EARCI - TSOUTMI - TSINMI

0 CON~TINUE
CALL PWSER(ERR4W6.S.CRW)

0- CALC"LTE THE $M4
ONRCI1) s 10. 8 ALWIS WPIN CRIP)
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C- PLOT? THE RESUL.TS

300 COTINUE
IF (XC1K.'.R GT. *) 00 TO MW
CALL PL0T(1a..5.,-3)
CALL LC:CL(VZ11..KHI
CALL LA.LtV1)
CALL Lf.AXS(8...,*omEOUVCY (14),-14e1@..*..FRE21CD91 ).F7E01(K

C#4LL LGL!NE(FREQ1,5M.K4.t$,ZCHA.-1)
law cowItNJE

CALL PLOTECFMJ
END
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APPENDIX T

PIOGRNM MISM f( IffoJT.OUTPUT, TqPEG-OUTNTPLOT)

. THIS PROGRAM MEA$4.RES TME SICNAL-T0-.NOIS PEvO"r*NtCE OF A CUSD
C ENCODER AMD D ZC3XZR CC-- CTED ? C-TO-!>CQK. A ', Ft-:2uEcY
e SINE UAvE IS I.UJT TO r - SYSTEM AN THE DIFFEREACE BT6A.c"M TWE
,: OUTPUT AD INPUT COPUTED.

I THE CALCULATIONS ASf Pj"7.CPD AS THJE VAIJE OF THE E90ODER STEP
c SIZE RATIO IS K;PT C!>' ;T"IT f O T' l -cc :- R STEP Si;-: !ATIO 1S
c CHANGCED. TI:E EN ^C qkiT!O IS 22 is, W,41LE T8E DC.)LZ IS STEPPED
c FROM 3a TO 4 DA IN $TZPS OF a D3.

C
C A MAXIMALLY FLAT LIWEPR PHASE FIR FILTER I9 PLACED C4 THE OUTPUT
C OF THE DECO-.R TO REA"E S1,;AL CPOENTS A3OICE 360 HZ.
C
csma uzsnVzz$$I unz V ZAILES IZ ISI IUST I mZ1Z2Uhh2IU2ZU

C FREO1 - AM PSRAY CONTAINING THE .IOU WNCIES THAT THE SM HAS DEEM

C MlEASURED AT. THE RA4N.E IS IC) ;HZ TO K Z.

C SH - AM ARAY CONTAINING THE RZASURED SM VALLES.

C TSIM - AM ARRAY CONTAINING THE INPUT TI? SERIES SAAPLES.

C TSOUT - AN AFRAY CONTAIPIG FIRST TFE M-=ZTR OUTPU TIE SERIES
c SNlPLES. T--.ZN TdE OUTPUT T~hE SERIES S.iPLES CF THE FIR FILTER.

C ERR - AN ARRAY CONTAININ THE DIFFERENCE BETWEEN THE OUTPUT SAM-
C PES AND TE INPUT SAMPLES.

C I - NI ARRAY CONTAINING THE FILTER CCEFFICIENTS.

c TIME - AM RAY CONTAINING THE TIT'S THAT THE FIRST Ef SMPLES
c ARE TAKEN SO THAT THEY MAY BE PLOTTED.

C IIN/OUT * AN ARRAY CONTAINING THE IINARY OUTPUT Of THE 0USD ENCODU

i NPI • TIE AI.TUDE OF THE TEST SIGNAL IN DRIW.

c FS e THE SAMPLE RATE.

4C FCI FC2. ICS - THE ROLL-OFF FREQENCIES OF THE PRIPWVY INTEGRA-

C TC a THE TIRE CONSTA OF THE SYLLA IC FILTS.

C YAX & YMIN - THE MAXIMUM AID MINIMUM INPTS TO THE SYLLABIC FIL-
C TE..

c DTA - THE NORYMLIZED 3 tl FREGUEMCY OF TE OUTPUT FIL.. THE
0 FREQECY IS hOk',ALXZZD TO IKE ! iMPLE RATE.

c GAMM THE NRLIZED WIDTH OF TH ROLL-CFF EGIOM OF THE OUTPUT
C FILTER. T T - i z - IS THE FREQUENCY RAMD SE6LD THE SSX ANID
c 6% OUTPUrT At)~tZT .

c #9 * T ,MIlER OF FILTER COEFJICIM7I.

?I KM THE NUM41ER OF TEST FARE UMCIS.

c Dc THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR.

CI888118111181Igzxzzu S )U3'rJINES USE D F IZ T Z*ZJ Z 2Tu::zzzzz [zg :z::z

0 FLTRGEM * THE SUROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI.
c CIENTS.

c PLOT. SCALE. AXIS, RCCT, LINE. PLOTE. * CALCOMP PLOTTIm ROUTINES.

c SIGNAL - THE TEST SIGNL CE4EATOR. PONcIS SAlFWM OF SzIuLSOI-
C DAL WAVES iITH AT MOST T60O F.,;AENCY COMPONENTS.

c NCODEi e THE vsD ENCF c. s1pluTIHE WITH A SINGLE WXL-OFF
0 FREoUENCY IN THE PRIFPRY INTEGRATOR.

C DKCODEI • INE T VSD DECODIM $RROUTINE WITH A SINGIE ROLL-OFi

c FQUECV IN THE PRIARY INTEGRATOR.
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C FILTER - THEr Sj UTI :A1 F!LTFPS "Pr 1?,PUT 7T, SERIES SAMLES
C USING THE FILTER C-Z1TIlE$S ZA'TED BY FLT-RXN.

C POWJER * A ROUTI! TO CtLCLATE THE PCOAR IN A SAMPLED TIM~E SERIES
C WITH IriPEDEhCE - 600 CHMS.

C PLTIME - A LIhEM~ PLOTTING ROUTINE TO PLOT SIGNAL AMLITUDE VS.
C TIrE.

C- INITIALIZE VARIABLES AND A!.RM"'

DIPrSNSIOM FPEG1CI"2 ), 1') TSIN(5400), TSOUSQE., ERkSI4)
1 IE~Z.3), Tr:'7(2'3, C~lirnEZ)

IN1'ECER Ic'T 29
A0258) *SGRT(18. 12(0DDM# -4.)-I16. 2 .001 2 0.) 1 SOR1CS.)

C-- INPUT WORKIXNG VARIABLES

REM 2, NV1, FS
READ 9,FC1. TC
RrAD x2.r-ETn. ,7
pc- I * Atf.'P1
PRINT S. S ')l Tg!Sr AT qAP~l. r'10 OD *.Fej 0 35
PRINT S. V ITH TC - l,n1, (-ir -TI *,- l
PRINT 2, IVBEA - '.SrTA,*. "I"A 0,AW

C- CENERArE OUTPUT FILTER COEFFICENTS

CALL 7LTR0E(EAGAffA.19,I3

D- IH4ITIALZIE PI.OTTKR

CALL FACrOR(.51
e.4LL PLOTZ.. a., -3)

C---- 5TART OF SIGNAL-TO-MOKS LOOP

ZCA - ICHAR * I
RATIO - 30. * NTIFTS
CALL utXCP(V.AX,t'ZNFS,FCI,T,RATIO)
IF (IC-A9 .GT. 63 GO TO 3
ELMi * 71%
EVqN - MAIN

3 CONETINU.E
DO 390 K - 340.3600,10
KM - KN + I

C- GENERATE TEST S ZOMAL FREQUENCY

FREOIMC) * K

C- GENRATE INPUT TIME SERIES SAMPLES

CALL SI0MAL(TSIM.S4".FFREO1CK)..,Pf'AKI,*.)

C- PROESSTE INUT TIM!E SRIES TNUTESD SYSTEM

C-FILME THE OUTPUT OF THE DECODER

CALL FILrE(TSODUT,S*W.P.3)

C- DELAY THE IMPUT SIGNAL START TO CORRESPOND TO THE
C FILTERRED OUTPUT-

00 30 ID 1 ,4M9

TSIN(ID) *TSIM(KD)
30 COI4TINUE

C- ADAusT OUTPUT APIPLITIS 90 IPUT P061ER OUTPUT POR

CALL FOqJRTST.4t"f,F6.PIM)
CALL Poi;ER(TfCitrr4?XFS.P0UT)
GAINMfll3 * 5 T (PIN','VT)
Do 40 1 1 ,- A
TSOU(I) *TSQvJT(I) 2 GAINCEN)

13



0- CALCULATE THE NOISE PO M

DO 50 1 - 1.4"6
EM * TSOUT(l) - TSIN(I

so COKWTIK T
CALL FUWN(Elt.,4M.FSEt)

b--CALCVLATE TWE S/M

W *KM 10. 9 ALOOIS (PIN - CWP

C---- PRINT AND PLOT THE RESULT1S

hIrIEt6.CA34 FREQ1CMN), V-'4(KH). CAINCEN)

M CMITIK.Z
IF (I~CHA; .CT. 8) Go TO 91
CALL LGAL(FP-011. ,C~)
CALL SCL Sma,6.a, u
CALL LGAXIS *.,8.14ivPENCV CI4z)-14.1s.,S.FREQ1(KMI.),FRFo1K

CALL AXS.,#.,SHSMR (DI))...90., S(K?4.1).SMRKDf+2)
CALL R " .,.~ . .951

944 C OfT I r:-
CALL LCIE(- I

I*" COKTI"X
CALL FLOTE(N)
END
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APPENDIX U

POGRAM SNRD( INPUT OUPUT, TA O'Ott. PL
'
)

---------------------. SHP US. INPUT POWER P0O..m-

z THIS PROGRAM K"URES TVT SC L-TO-440ISE PtRFO -AW4 Of A CV'YD
1' ENCODER "'D t IO'c:E - icA~~~ C-O-^,-. A " ..Z FRECUENCY
c. SINE UAVE IS I;.JT TO 7' -. SYS" AND ThE DIFFERiCX STZ. TWE
c WTPUT AhD INur cc ,Xfuit.

c A MAXIMALLY FLAT LIh-PA PWASE FIR FILT IS PtACE CH THE OUTPUT
c OF THE DECOER TO R~EMOVE SI.4AL CORPOE.K78 AJOVL HZ.

C THE INPUT POER IS VAIED FRIM -40 DPi* TO S rl"I. TNE PROGR
C IS REPEATED AS Tfg STEP SIZE RATIO IS VARIED FRCM 32 LS TO 5Z DR.

C THE RESULTS ARE TKEN PLOTTED ON A SINGLE GRAPH.

C55nU2521r1** SA"$222 *S12 VAR ADS VzARIIBISZUS--3S- UUZfl a[1U

C FRE0I - AN AR~RAY CtfNIN THE FR-:'0.-NCIES TH4AT THE SHA KAS DWE
C EASLURED AT. THE R ,. IS -. MZ TO Z.oa HZ.

C S AM ARRAY COINTAINIG THE MEASURED SN UALUES.

C TSIN *A ARRAY CONTAINING THE INPUT TIME SERIES SAMPLES.

C TSOUT A N ARRAY COWAIMIMO FIRST TXl rECCI'TE OUTPUT TIrE SERIES
c SAMPLES, THEN THE OUTPUT TIrl. SERIES SPI.ES OF THE FIR FILTER.

C ERR - AN APRAY CWftAINIW THIE DIFFERENCE SETUEN THE OUTPUT SAM-
C PLES ANtD THE INPUT SAoLES.

C I w AM ARRAY CONTAINING THE FILTER COEFFICIENTS.
C TIME - AN ARRAY CONTAINING THE TI:E THAT THE FIRST 2" SAMPLES

C ARE TKEN SO THAT T -Y KAY K PLOTTED.

C INOUT - AM ARRAY CONTAINING THE BINARY OUTPUT OF THE C'SD ENCODER

C A1PI - THE AMPLITUDE OF THE TEST SIG*UL IN DBMS.

C FS - THE SAWLE RATE.

c FCI oC2, FC3 e THE ROLL-OFF FREQUENCIES OF THE PRI W IKMIRt-

C ORS.

C IC - TH1E TIME CONSTANT OF TME SYLLABIC FILTER.

C ~~ & UMIN - THE MAXIUR NO MINIMUM INPUTS TO THE SYLLABIC FIL-
C TER.

C BETA •THE MIDPOINT OF THE OUTPUT FILTER TRANSITION BAND.

C GAMMA THE NPM LIM UIDTH Of TWE ROLL-OFF REQGION OF TYE OUTP UT
C FILTER. T1- -R-1C IS TKE FREQUEICY &AND BETWEE THE S% AD
C SX OUTPUT APLiT.'LS.

c PIAI - TK AXIMUM AMPl.ITUDE OF THE TEST SIGNAL IN VOLTS.

c W - TH MUSIR OF FILTER CCVFFICIENTS.

. DC - THE DUTY cycL o
r 

THE SLOPE CRLOAD DmeTCTOm.

C. tIIt tlI t Il t ll lz 18zss'2z:*3UIIfl2222$1Z22L22fItI Z KZU31122z'2ZfIII

,.+IIIIIIIIIIIIIIIIIISI ,TINES L;5ED U22UU, hSZI22Z33W3I.1+SU

c FLiRGEI * THE SUIWINOU E THAT GE ATES THE OUTPUT FILTER COEFFI-

c CIENTS.

1: PLOT. SCALE, AXIS, RECT, LINE. PLOTE. 0 CALCOAP PLOTTING ROUTINES.

C SIGNAL - THE TEST SIGN1AL CEWTPATOR. PRODUCES SAMLES OF SI1MSOI-
C CAL WAUS WITH AT NOST TJo FREQUENCY COMPO'NENTS.

C EIICODEI - THE CVS0 ICODER SUBROUTINE

C KD I a THE CVSD DECODER Su3ROUT-

C FILTER - TINE SUDlROUTINE THAT FILT'm rS -X IMPUT T!M M!IES SAlPLES
C USING THE FILTER MEFFICIE(TS ZICRATED BY FL.r,,iJ.

C POlE * A RMUTIME TO CALCL"Tt THE POWER IN A SI.PLED TINE SERIES
C WITH IP PEM.ICE * 6Q$ CmAS.

140OUSSSSSSUISUSSZ*SZSZWSfflSU123Z1252F12 22



C -PROGRAM START

C-- INITIALIZE IJAR!AZLES AND ARRAYS

DIMENSION AMPI20#), SNR(M6), TSIMtE0"), TSOUC506). EPR(E0")

A(D?74) - SCJRT(1S. I(DIM~ -40/'10.) 2 ."01 X 66.) S SCRT(R.)
ICHAIR - -1

C- INPUT Au(D PRINT? THE UORX!NG VARIABLES

READ 1, FREGI. FS
READ X,FCI. i-c
READ 2,IETA, C,'T4
PRIN~T X. I SM TZST AT d.FREQ1.' D!X4 NOD IFS.' 3PSQ
PRINT .*, - iTN YC * ;'~ R;ITIO ',.Z-TI0
PRINT 9.4 FILTrE PA'. IETER5 ARE, &-TA * %BETA..OGAW I .GAMMA

0- GENERTE OUTPUT FILM~ CCEFFICIENTS

CALL ULTRCNC3TA.CAMMNP.3)

C-- IMITIALZE PLOTTER

CALL F6CTOR(.S)
CALL PLOT(B.. 2.. -3)

0- START LOOP

DO left MR - 1.9.2
RATIO - - . + 4
CALL WAPT(WftA.INT.VSFC1.TC.*ATIO)

--- START OF SIQINAL-TO-lOISE LOOP

DO 300 K *1.1"
AflP14K) *-40. + .4 a K
PEAKI * A(ARPI(K))

C--- GEEATE INUT TIME SERI[$ SAMPLES

CALL SIOt4LTSI.5660FS.FREI...PEAKI.0.I

C- PROCESS THE INPUT TIPX SERIES THROUGH THE CVSD SYSTEM

CALL DECODE1 (3IW4flTSOlfl. ".F C.FC2FC.TC.".'A.,VnIM.DC)

C-- FILTER THE OUTPUT OF THE DECOVER

CALL FILTER (TSOUT, SM6.W. 2)

C- DELAY 1I-~ INPUT S!INL START TO CORRESPOM3) TO THE
It FILTERRED OUTPUT.

DO 30 ID * 1,4696
KD - 200 + ID
TSINCXD) - TSINCKD)

26 CONTINUE

C- ADJUST THE OUTPUT SIGNL AMPLITUDE SO. OUTPUT POE INZPUT POWER

CALL POUER(TS1.4"FS5P!N)
CALL PO7,-(TSUT.;4.FSPUT)
GAIN * 6S.RT (PI/P'OUT I
DO 40 1I,1.J;S
TSOUT(I) *TSOUT(I) 2 GAIN

46 COWNE

C- CALCULATE THE NOISE PWE

DO 60 1 1,4096
ERRMI TSDUTlI) - TSIM(I)

so CONTINUE
CALL POJRERR,4*W96. P )

C- CALCULATE THES/

0(K) o 10. * ALOOIS (PIN / DWI
IF (ICA .LT. 6) WO TO it"
IF (S'-R(C) .LT. SR(1S1)) SNRK) a 61101f)

2ff CONTINUE
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0- PRINT NO PLOT RSULTS

zcHN - IC"., + i
IF (IMV4 COT. 0) 00 TO 9N
CALL SCAL(s'IP.1O..1ka.1)
CALL CLi,..et

C L L A X S ( . . * . 8 S D ) I I . S*RI I ) I )

CALL C l .i , . 1, .3

:A LL L I NZ.( WI I , Se , 1 ", 1, If, IC K A)
lq CONfTIN4UE

CALL PLOTE(M)
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APPKpTD]X V

M _isriatc!:ci qipn 1  ~] r.- - ,2 - .,2.

PROGRAM ISD( I NPUT, OUTPUT T I -OUTPUT. LOT)

----------------- MISATCHED SNQ VS. INPUT POWER PAOQRAM0-

MTHIS PROGRAM Mws; ES TE SICNAL-TO-VO1rlE PERFO, tCl Or A CU5D
c ENCODZR PND -CC¢ :2 CC?" :CTE:) ? CK-TO- .-, . A '.: .L.E F "-"tt"Y
cl SINE IAE s IS It,'UT To , : SVST AND T"E DIF E;N'CE BETWLI THE
c OUTPUT AND INPUT COV;JTED.
c
c A fXIMALLV F.AT LIN-& P 'AE FIR FILTR IS PL.ACED C4 THE OUTPUT
C OF THE DECODER TO _Ok 0( SINr ;L CCI-M.?NTS A2OVE 36 NZ.

c THE IR'~uT PCvER is virIED FROM -40 D!,"~ TO 4 r 79. "_ PqqR*
C IS REPEATED PS TI.,S ST-P SIZ- -TO I 0 rUl!;z) F-::' .2, r3 TO 'S DI
C IN THE DECODER. LWILE THE Lh=ER STiP SIZE RATIO IS -ELD C64-
C START.

C THE RESULTS ARE THEI PLOTTED ON A1 SINGU GRAPH.

C
C&Sur~z:$uzus*:Szu s VARIIILES Uz2z-' nnnug mnuu =mU

C FREQI • P. ARRAY COMTAINIM TI! FEf!!*u IES T I'T THE SH HAS KE
C MEASURED AT. rTH RLAV IS 1:0 HZ TO Z.C. HZ.

C S# - AN ARRAY CONTAINING THE r?_ASURED SNR VALUiES.

C TSIN * AM ARRAY CONTAINING THE IPPUT TIME SERIES qAPPLES.

C TSOUT * AN ARRAY CONTAINN-2 FIRST TI'! : CCR, OUTPUT TIrP SFRIES
C SAMPLES, THEN TH. OUTPUT TIZ.Z £E-RIES SPPLES CF THE FIR FILTER.

C ER * AN ARRAY COrTAINI, THE DIFFERDCE BETWEEN THE OUTPUT SM-
C PTES AD THE I-'VUT 5tPLES.

C I a AN AY CONTAINING TIE FILTER CCEFFICIENTS.

c TIME 14 ARRAY CCNTAIHING THE T1P! TVT THE FIRST M SAMPLES
c AE TAEN SO TT TiCEY MAY ;E PLOTTED.

C 31NOUT - AN ARRAY CONTAINING THE BINDY OUTPUT OF THE CUSD ENCOER

C NPI - THE AMPLITUDE OF THE TEST SIGNAL IN DIMS.

C FS - THE SAMLE RATE.

C2 HOTEl A *DO OR E' P'TFIX ON THJE FOLtUINJl U ~qIA vLE9 INDICATES
€ THAT THE ' 7PIALE IS L.-D V TYS ::- C-1 E E',"-"R.-'PSCTUE-
S LY. VMAX ND VAIN KAY lE CONTRACTED TO .QX AND tA, kE6PECTIuE-

€C LY.

C UCI FC2. FC3 - THE ROLL-OFF FRCOUENCIES Of THE PRIMARY INTER-

c TO: * THE TIME CONSTANT OF THE SYLLABIC FILTERS.

C WA i UMIN a THE RAXIMM AND MINIMI IPUTS TO THE SYLLABIC FIL-

c M. 3RO TS UGUNIS

C KLTArCE * THE LIZUT.D IDPOIN T OF ?THE TE ITIO A N OF THE OUT-0 PUT LW Pi ;S FILT,,.,

1: QMM •TME I'OP9LIZD UIMOF 0" PM L.-,OW RF31C" OFr ?HEOTU
," FILTER. THE CWG!C4 15 THE' FREGwEhC"Y &AND) DE76EJE THE VS% MI

c $S% OUTPUT AMPLITUDES.

O PEiL T THE TEST SIGNAL IN OLTS.

c W A THE NUMBIAER OF FILTER COEFFICIENTS.

c K - THE NUMR OF TrEST FREQUENCIES.
c: DC - THE[ DUTY CYCL.E O TH4E SLOPE OVERLOA DETECTOR.

€11II111LI111111111131 SL,:iQUTI?4E USE.D ll:Xl = 3ll, lr

c FLTRCEN a TH4E SUBROUTINE THART GEERAPJTES THE OUTPUT FILTIt 0FFI-
€ ¢IEHTS.

c PLOT. SCALE,. AXIS. RECT. LINE, PLOTIE, - CALMM PLOTTING ROuTimlS.

c SIGNAL o THE[ TEST SIGNAL Q; NRATO1R. PRODUC ES SAMPLES OF SIHUSOI*
c DAL, klWAS WITH AT M~OST "rO FREQUENCY COMPONENTSI.
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C DIOOC a 711E CUSD ENODER SUBROUTINE

C DECODEI - THE CUSD DECOE SUBROUTINE

C FILTR - THE! SUVROUTI!'" T'T FILT"S9 7W. TNPUT T7!T ' IES SPlUES
c USING THE FILTER CCEF7!C:ENTS C.ZKERATED IV FLTR^.EN.

C POWER - A RCVJT!PE TO CALCULATE THE POWER IN A SAMLED TIME SERIES
C WITH zIrEcic * C48 ctt..

C- INITIALIZE VARIABLES AMD ARAS

DIMENSION AI(2*0), SN0t2M), TSN(W"), TSOUT("W), ERR("")

iNTECER ITHUTC51@*2
ACD;AIw * StT19. 1U((DIM -4./10.) 2 .*WlI S. Wd SOPYCLI.)

@-- INPUT AND PRINT WOKING VAIABLES

FAD S. FREQI, FS
READ 8.FC1, TC
READ S.LETA. CkA.0,
PRINT 3, * .T5? AT ,FRTDj,' DSMs AN *%FS,9 Itse
P41INT X,4 61TH TC
PRINT X., FILTER PARAPETCRS ARE. BETA ' %3TA,'.QIg'A -* N

ID- -- Cq7AE OUTPUT FILTE CcM:Czorrg
CALL FlT3ONCiTAI.P.3

C---- IMITIALZE PLOTTER

.*ALL FACtO.S i
C04LL PLOTiZ.. 2.. -3)

C-- START LOOP

0000 t H 2.6.3
RATIO * 39. t-4

CALL VMAXOT(~f,VPT.FS,FC1,TC.MtTIO)
IF iItwIQ QE. 0) GO TO 6
EWU( - VP9AX
CUM- *m JI N

a CONTINUJE

C-- START OF SIGMAL-TO-NOISt LOOP

DO 300 K *1.100
AMPICK) *-4a. + .4 2 K
PEAKI - ACAJ.P1tK))

C- GENRAK IMPUT TIME SERIES SAMLES

COLL SIiL(TSINSW".F.FREQI.O.,PEMI.S@.)

oC- PROCESS THE INPUT TIME SERIES T1'ROUG4 THE MiJD SYSTEM

CALL ENCOOFI TSIN. DIN.S.VS.F9 C.FC2.C3.C,E.EU.DC)
CALL MD~cDE1(3INOuTTSC4fl.S"4).FSFCI.Fc.PC3,TC.VlAW,VMI,DC)

C- FILTER TNE OUTPUT Of TICI DECODER

CALL FILTER (TSOUT., 6" P, 3)

C- DELAY TIC INPUT SIGNAL START To CORSPOND TO TIE
c FILTERRIs OUTPUT.

KV - 2" 10I
TWINCID) *TSINCKD)

3 CONTINUE

C- aDJusT OUTpUT SIGNAL MULITMW So. OUTPUT Pam~ * IPUT Pow"S

CALL POW1Ek(IN.4&9.SPIN)
CALL POLtATSO'JT,4;GFS.POUTI

a GM - %cAT CPIN'P u)3 30 46 1 1,4Z-S
?SOUT(II * SOUTCII 9 GIN

40 ONTINUE
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C- CALCULATKE P40Nors POW"D

DO So I - 1.4z;s
E'R(I) -*SOit(1) - TSlN(I)64 CONTINUE
CALL PO6EM(ER*o4 l,FSEP)

0- CALCULATE TH S^4
S iKi • 10. a ALOOtt (PrN / ERP)

IF ICHAR .LT. 0) CO TO 0e
IF %SRK .LT. SNR(Il1)) SMAK) 00mci01,

3" COtITINUE

C---- PRINT AND PLOT THE ESULTS

ICA - IclAm + I
IF fICM4AR GT?. 0) C0 TOM
CALL SAE;~.gie1
CALL SCALE(S 6.6. 1 i, . 1
CALL AXIS($.,*., V, JLZTUDE CD3P)-I1ll .. W qj0I), l(/k)13
CALL AXIS( .,., M-M q O3,,.,S..cte),S acoa)
CALL 5ECT(0..e., 13.,e.3)

on CNCT I LE
CALL LI(A'l1.SR,11,1,,1 ,

lWo CNTIZ. .E
CALL PLOTE(M)
DID
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APPFNDIX W

PRO GRA1 DIFGAIN( INPUT, OUTPUTTAPE6-OUTPUT, PLOT)

-------- -------- DIFFERNTIAL GAIN PROGRAM- --------

. THIS PROGRAM MEASURES THE SYSTEM CAIN VS. FREQU-IENCY RESPONSE FOR
" .4 Ck.SD DIGITAL/ANALOG SYSTEM CONNECTED BACK-TO-BACK.

P4 fiAXIMALLY FLAT LINEAR PHSE FIR FILTER IS PLACED ON THE OUTPUT
C2 OF THE DECODER TO REMOVE SIGNAL CCMPONENTS A3OVE 3GeO HZ.

C¢laa,&al** 111~**8S22zlZX VARIABLES *ZZ2ZUzf22uZIZ zuhRUU12ZZ2

C FREGI - AN ARRAY CONTAINING THE FREOUENCIES THAT THE SHR HAS BEEN
C MEASURED AT. THE RANGE IS 300 HZ TO 5500 HZ.

C TSIN AN ARRAY CONTAINING THE INPUT TIME FUNCTION SA4PLES.

C TSOUT * AN ARRAY CONTAINING FIRST THE DECO.ER OUIPJT TiPITE FUNCTICN
C SAMPLES, THEN THE OUTPUT TIMT. FUNCTION SArPLES OF THE FIR FIL-
C TER.

C I o AN ARRAY CONTAINING THE FILTER COEFFICIENTS.

C BINOUT a AN ARRAY CONTAINING THE BINARY OUTPUT OF THE CUSD ENCODER

C API a THE AMPLITUDE OF THE TEST SIGNAL IN DBM0.

C FS * THE SAMPLE RATE.

C FCI, FC2, FC3 - THE ROLL-OFF FREOUENCIES OF THE PRIMARY INTEGRA-
C TORS.

C TC - THE TIME CONSTANT OF THE SYLLABIC FILTERS.

C UAX L UPIN s THE MAXIiUML AND MINIMUM INPUTS TO THE SYLLABIC FIL-
C TER.

C BETA a THE NORMALIZED CENTER FREOUENCY OF THE OUTPUT FILTER TRANS-
c ITION BAND.

C GAIA v THE NORMALIZED WIDTH OF THE ROLL-OFF REGION OF THE OUTPIUT
C FILTER. TrE FRETICm IS THE FREGUENCY BAND BETWEEN THE 9SX AND
C 5% OUTPUT AMPLITUDES.

C PEAK1 a THE MAXIML AMPLITUDE OF THE TEST SIGNAL IN VOLTS.

S NP o THE NUMBER OF FILTER COEFFICIENTS.

C K a THE NUMER OF TEST FREQUENCIES.

c DC o THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR.

Ct Un*SI *ZXZll SL;ROUTINES USED IZ ZU UZZ22Z* *ZSZ3U*

C FLTRGCE a THE SUBROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI-
k ZIENTS.

.. PL-T, iCALE, AXIS, RECT, LINE, PLOTE, a CALCOMP PLOTTING ROUTINES.

IGIAL a THE TEST SIGNAL GENERATOR. PRODUCES SAMPLES OF SINUSOI-
S P~AL UAVES WITH AT MOST TWO FREQUENCY COMPONENTS.

c ENCODEi * THE CVSD ENCODER SUBROUTINE

c DEDEI o THE CVSD DECODER SUBROUTINE

0; FILTER * THE SUDROUTINE THAT FILTERS TWE IPUT TIME FUNCTION SAM-
C PLES USING THE FILTER COEFFICIENTS GENERATED I FLTRGEN.

C POuER w A ROUTINE TO CALCULATE ThE POWER IN A SAMPLED TIRE FUNC-
C TION WITH IMPEDENCE 6 £00 OHMS.
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C-- --- POGAM START-.-...

C--- INITIALIZE VARIABLES AND ARRAYS

DI"ENSION FREOI1(e), TSIN(500), TSOUT(SW))
I.3(a- 0). GAINC2:¢)INTECER BINOUT(5C30)

A(DM) * SGRT(IQ. St((DBMS -4.)/10.) 2 .001 I 600.) I SORT(2.)
ICHAR • -1

C- INPUT AND PRINT THE UORKING VARIABLES

READ I, AMPI. FS
READ Z,FCI, TC
READ *SETA, GMPA
PRINT S, - S..1 TEST AT @,AMPI,* DBMS AND 4,FSf IPS'
PRINT X, * WITH TC • ",TC
PRINT 1,8 OUTPUT FILTER PARAMETERS ARE. BETA *,BETA,* GAMMA IGA

C- GENERATE OUTPUT FILTER COEFFICIENTS

CALL FLTRGEN(RETA,GAMMA,NPo

C- INITIALZE PLOTTER

CALL FACTOR(.S)
CALL PLOT(2., Z., -3)

C- START LOOP

Do Be NTIMES • 2.6.1
ICHAR a ICHAR + I
RATIO - 30. + NTIrES
,4LL AIMXOPTtU fX, ,MIHFS,FC1,TC.RATIO)

'1:4 * )

---- .TRT OF SIGNAL-TO-OISE LOOP
00 300 K - 394,36".10
Kt * KN I

----------- ENERATE TEST SIGNAL

FREOl(KN) * K
PEAKI - A(A."PI)
CALL SIGNCAL(TSIM,50@QFS,FREOI(K),e.,PEAKI..)

C---- PROCESS THE INPUT TIrE FUNCTION THROUGH THE CUSD SYSTEM

CALL ENCODEI(TSINBIHOUT,SIOO.FS.FCt.FC-,FC3,TC.VMAXVMIH DC)
CALL DECOD.I(DINOUT,TSCUT,SZaO,FSFCI,FC2,FC3,TC,VMAXoth,DC)

C-- FILTER THE OUTPUT OF THE DECODER

CALL FILTERCTSOUT,5C00,NP,B)

C- DELAY THE INPUT SIGNAL START TO CORRESPOND TO THE
C FILTERRED OUTPUT.

DO 30 ID s 1,4096
KD a 200 + ID
TSIN(ID) a TSIN(KD)

30 CONTINUE

C- FIND SYSTEM GAIN

CALL POUlER(TSIN.4e6.FS,PIN)
CALL POUER(TSOUT°4eG,FSPCUT)
GAIN(KN) 1 iS. I ALCIS(POUT/PIN)

3W CONTINUE
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C- ADJUST GAIN VALUES TO 8" HZ REFEREREKCE

D0 6 1 - I Kh
IF (FREGIh .EQ. 8".) REFGAIN a GAIN(I

6 CO(T I NUE
DO 8 1 I.KN
GAINCI) *GAIN(I - REFGAIN

3 COHIKflP

C- PLOT T14E RESULTS

IF (ICt4AR .07. *0 GO TOS9
CALL 5CALE(CC'M,6.4NM,I)
CALLL ,L Z.U
CALL LGAXIS(@.,.,14e-ik..GUEHCY (HZ).-14,IS..e.,FREQI(K1+.I).FRECI(K

1t$2))
CALL AXIS(0.,e..Zz24DIFFEREMrrIAL GAIN (Dl),U,6.,9.,GAIM(KN4I),
IGAIN(KZN+2))
CALL CT.,...S..)

900 CONTINUE
CALL LGLINE(FIZEOI,CAINKNDIS.IC$AR,-1)

2W CONTINUE
CALL PLOTECH)
EDD
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APPENDlY X

PROGRAM M1iDGAI( IP J.OUTPUTTAPES-OUTPUPLOrT)

C - ISMTCHED SYSTEM GAIN RESPONSE ----..

C THIS PROGRAM MEASURES THE SYSTEM GAIN VS. FPEOUENCY RESPONSE FOR
C A CJSD DIGITAL/AhLCG SYSTEM CCN7MECTED BACK-TO-BACK.
C
C A MAXIMALLY FLAT LIN-_q PHASE FIR FILTER IS P!A ED ON TE OUTPUT
C OF THE IECODER TO REfL.E SIGNAL CCrPONENTS AaOUE 360 HZ.
C
C$uI$z£$zzzlulsi s~l VARIABLES ifl:I:u z iu*iun::zsflxI:z
C FREQI - AN ARRAY CCNTAIN!NG TH. FREQUENCIES THAT THE SNR HAS BEEN

C MEASURED AT. THE RA,'!iE IS 360 HZ TO 3520 HZ.

C TSIN * AN ARRAY CONTAINING THE IhPUT TIME FUNCTION SAMPLES.

C TSOUT * AN ARRAY CONTAINING FIRST THE rECODER OUTPUT TIrE FUNCTION
C SAMPLES, THEN THE OUTPUT TIrE FUNCTION SAMPLES OF THE FIR FIL-
C TER.

C 3 - AN ARRAY CONTAINING THE FILTER COEFFICIENTS.

C IINOUT - AN ARRAY CONTAINING THE BINARY OUTPUT OF THE CVSD ENCODER

C AMPI a THE AMPLITUDE OF THE TEST SIGNAL IN DR".

C FS - THE SAMPLE RATE.

C FCI FC2. FC3 - THE ROLL-OFF FREQUENCIES OF THE PRIMARY INTEGRA-
C "ORS.

C TC - THE TIME CONSTANT OF THE SYLLABIC FILTERS.

C € MAX L VMIN • THE MAXIMUM AND MIIMLM IN1UTS TO THE SYLLABIC FIL-
C TER.

C 3ETA , THE NORMALIZED CENTER FREQUENCY OF THE OUTPUT FILTER TRANS-
C ITION BAND.

C GAMMA - THE NORMALIZED WIDTH OF THE ROLL-OFF REGICN OF THE OUTPUT
c FILTER. TH-E R7GICM IS THE FREQUENCY BAND BETWEEN THE 95X AND
c 6% OUTPUT APPLITU:ZS.

C PEAK1 a THE MAXIMUM AMPLITUDE OF THE TEST SIGNAL IN VOLTS.

HP a THE NUMBER OF FILTER COEFFICIENTS.

,i • THE flUMBER OF TEST FREQUENCIES.

K • THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR.

.sIIttlIIIIflII::sszz: Su3ouTIhES USED i::zzrz:z:xzuzlzuziiss* lulzz
* . FLTRGEN * THE SUBROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI-

C CIETS.

C PLOT, SCALE, AXIS, RECT, LINE, PLOTE, a CALCOMP PLOTTING ROUTINES.

C SIGNAL a THE TEST SIGNAL GEhERATOR. PRODUCES SAMPLES OF SINUSOI-
C DAL WAES WITH AT MOST TWJO FREC-r'ENCV CC,"PONENTS.

C E]CODE1 e THE CVSD ENCODER MROUTINE

o DECODEL e THE CUSD DECODER SUBROUTINE

C FILTER * THE SUBROUTINE THAT FILTERS THE INPUT TIME FUNCTION SAM-
C PUES USING THE FILTER COEFFICIENTS GENERATED BY FLTROEN.

C POWER a A ROUTINE TO CALCULATE THE POUER IN A SAMPLED TIME FUNC-
c TION WITH IMPEDENCE * 6" OHMS.

¢nt::2z1211$1r12t122t11:llll~lllt1:zzzBB llllll IfltZ::lnIxUhtflhluUl

cun~uzsuns::~nszz:::zuugszzuusxzzuzzulznz:



C---- ------- PROGRAMI START-- ----. ......

C--- INITIALIZE VARIABLES AND ARRAY'S

DIMENSION FREOQIO), TS14CSOOO), TSOUT(56W)
I 2(2Ze, CAIH(i.3)

iNTECER DIliCUT 2103
A(DBM3) * SQAT(19. *CC)QBP -4.)/19.) t ."1 2 600.) t SWRTc2.)
IC*4AR a -1

C- IIUT AND PRINT THE WORKING VARIABLES

READ X, ARPI FS
READ 2,FC1,iC
READ *.BETrA, GP:mA
PRINT S, I SV TEST AT 4,A?!PZ.0 DIMO AND '.FS,' BPS@
PRINT 2, a WITH TC . '.TC
PRINT *,@ OUTPUT FILTER PARAPIETERS ARE, BETA * .BETA,O GAMIMA 0,GA

C- GENERATE OUTPUT FILTER COEFFICIENTS

CALL FLTRGEM(lETA,GAMMqAKP*3)

s'--INITIALZE PLOTTER

.4LL FACTOR(.5)

---- ;TmRT LOOP

Do 2006 NTIrMES o 2.6,2
ICHAR - ICHAR + 1
RATIO a 30. + NTIMES
CALL VVAXOPTCVIAX.MI,FS.FCITCRATIO)
KN 9 6
IF (ICHAR aT7. 6)0 Go 10

* EVM * 'JAX
EmN UM 'I N

too CONTINUE

C- START OF SIGNAL-TO-MOISE LOOP

00 309 K a 300,36",l"
KM a KM + I

C- GENERATE TEST SIGNAL

FREOI(KN) - K
PEAKI - A(AMPI)
CALL SIGNAL(TSIM.5006.FSFREOICKN),.,PEAKI.9.)

C- PROCESS THE INPUT TIME FUNCTION THROUGH THE CVSD SYSTEM

CALL EHCODEI(TSI,BI1NOUT,SCO10,FSFC1,FC2.FC3,TC.EV-X,ELVN,DC)
CALL DECODE(BIICJTTSOUTSZea.FS,FCIFC.FC3TCV.XUMI.,DC)

C- FILTER THE OUTPUT OF THE DECODER

CALL FILTtR(TSOUT.S004NPD3)

C- DELAY THE INPUT SIGNAL START TO CORRESPOND TO TNE
c FILTERRED OUTPUT.

DO 30 ID *1 4096
KV a 200 16l
TSIN(ID) *TSINCKD)

30 CONTINUE

C- FIND SYSTM GAIN

CALL P0OER(TSIN.409G.FS.PIN)
CALL POIERTSOUT,40;S.FSPOUT)
GAIN(KN) a I0. 9 ALCGIS(POUT.'PIN)

300 CONTINUE

C- ADJUST GAIN UALLEs To MW KT REFERERENCE
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DO 6 1 1 1KH
IF (FREOI(i) .EQ. goo.) REFGAIM GAINCI

6 CONfTINUE
DO 8 1 * ,KN
GAINCI1) * AimCI) - REFGAIN

8 CONTINUE
C--PLOT THE RESULTS

IF (ICHAR GT7. 6) GO TO 900
CALL SCALE(GiAI6,0,I)
CALL LGSCAL(F--31.l..KNq)
CALL LC1AMS(O 0,~14 iriRELUEHCV CHZ).I4,1.,..FpEQ1CK?4)ROlCK

IN+2))
CALL AXIS(9-6.,aHDIFTEREt(TIAL GAIN 

Mfl),2,6..240,GAI(M1)D
IGAINCKN+2))
CALL qZCT(9.,0.,S,18j.p6.,

3 )

9" CONTIN~UE
CALL LGL!ti(FrEQ1,GAIKN,1C, 

-I)

8M CONTINUE
CALL PLOTEWH
END



i*FP',IT[ TX Y

SUt*OTZINE SIOML(OUPfT l,PFRE01 oFREWl. APPI.MPI)

cst t s&& Iats s s ss €SusunZuxunh z uuxzx

c~ THIS ;UlPOUT!NE GTMERATES A TTST SICNAL CVROPcED OF UP
c I-) TWO SIMtE hJAU OF DIFFERENT FREGUENCIES AIID MP TUDE.

c OUTPUT - AN ARRAY CONTAXHIN TH1 OUTPUT TIME FUNCTION ,I S LES

c - THE KMU4IER OF SAMPLES OF THE TIME F NICTION DESIED

c FS T HIE SMPLE RATE IN KPI

C rREQI * THE FREoENCY OF THE FIRST SZ ONL COMPONENT

C FRE!2 * THE FREQUENCY Of THE SECND SIGAL CONENT

C AIPI a THE PEAK AIPLITUDE OF TE FIRST SIGNAL C"CCPOhEVff

C ANP2 a THE PEAK AMPLITUD O THE SECOH D SIGNAL COMP;"*24T

C- INITIALIZE UARIAZLES AMD ARRAYS
DIMENS$ION 0.?PT ( N )

DATA PI/3.1413;aS39/

C- GENERATE OUTPUT SAM'PLES OF TEST SICNWL

DO 60 I - I.N
OUTPUT(I) - AMPI 2 SIM( B. * PI I FREQI / FS 1 1)

1+ ONPa SIN (2. 9 PI XFR Qa FS I)
0 C4,f I ME

RET.R4
END
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;UIROU71PE PWERcX.N.FS.P)

---------------- AVER.AGE POWJER 9U~INEtP

.. TMIS 5UIP("fTNE CALCUT.ATES Tl- AZC A PCatrR Of TP.E 1PK'UT ?1,'
c. FUtCTION ;%PFS 9 A E'' C..0i 1;: f':CE. Ts..- ItrP1T *TIME FtpqC-
c. TIOth SkS?;LCS ARE ll* JT TO 7i- QZ ASi A I X( h k...RAV.

"Ott L 1*SISSXI1122uSU VAIALES xu az um xhs ig1a a

c X - AM ARA COhTAINING THE IKPUT ThI*Z FUN4CTIONt SAMPLES

c H - THE K&RIER OF SMPt-LES TO BE PROCESSED

C FS - THE SAMPLE RATE

C P - THE CALCULATED SIGMAL POWER

C --------------- SUBOTINE START

C- INITIALZE UARIA8LES AMD ARRAS

DIflENSION X(M)

C- SUM THE STUARES OF TME INPUT TIME FLI4CT!Oh SAMLE
DO 10 1 * 1.N
SUM * SLIM + XCI) It 2.

to CO"? I NU

C- CALCVLATE THE A0ERAGsE P06ER ACROSS A 6" OHM IMEDE14CE

p~ ~ ~ ft" 1M "



Vi ta

Jeffrey Al lan I crsch boi Drn ?C') January 19J48 in ;-Iil.Kau!,ec,

COT)n, n . After cradu-ilinf7 fro-,. New Perliri 1;i-h School in 11-66, he rehan

undt~''aa-ic tud: In electrical enr'ine(ering' at Ylichi,,-;7n Technoloi-ical

University. Captain I cinch received his Fachelor of' cciunce dc 7rec in

ele-ctrical -npineerinp and wais commissioned in teAir Force in June

1971. 'His -ntire Air Force career has bee n as an eng,,ineer aosn~with

the ni litary ions -haul coanun micatioti S system, firsit at Headquarters Air

Forre Conncain ervice, then in Ithens, Greece with the 21.40th

C ommunicationJs (roup, and tinr)Ally it the iieadquirters Northe~rn commurn-

ications -rs t Crli f'jcs , ,N', Yora *. In June 1-979 Cantain I ersch

began studly at the Air ?Porce ins;titute oi I ernnomn:-- for a I.,aster of,

Scienc-~'~ .>tia ensiineer: m-.

154



[;yT(;.'I ~ i .

SECURITY CLA'Y'3IFICATI N " ; TR' PA,, fl r , '

kl-A ) I VI '(' 1 (REPORT DOCUMENTATION PAGE , .
I REPORT NUMHE R 2 GOVT A(-CrSSION NO. RF(.IPI, N't" IATALOI, NLJMLc f,

4 TITLF rnd Sd,tltlU 5 TYPE OF REPORT & P.PIO)' COVERED

I ..:' iaAT f ' 0]F COJNYjT'2 I JI1 lY VAI;.i 1: <1 U l )}
PEI V!A I,'O0UIATOll/DR,2,,)UI*ATOR COhi-ATAB II ]TY

6 PERFORMING OfG. REPORT NUMBER

7 AUTHOR(s) 8. CONTRACT OR GRANT NUME3.RS1)

Jeffrey A. IerscIh, Capt USAF

9 PERFCRMING OCGA41, ATION N AME: 41) ACLF3OSS 10. PROGfRAM ELEME NT, PROJCCT. TASK

AREA & WORK UNIT NJMBERS

Air Forcc lnstitirLe of T''c1hnolo; y (Al.'IT-Erl)

Wright-Pattertcon AFB, Ghio 4!4-b

II. CONTROLLING O rFICE NAME AND ADDRESS 12, RE PORT DATE

Ij AFCC/Stu~Jies . Analysis Decem'ber i±9

Scott AFF, Iliir;ols 52225 13. NUMBER OF PA5ES

14 MONITORING AGENCY NAME & ADORESSOif different from Co-trolling Office) 1S. SECURITY CLASS. (of ithis report)

Unclassified

i5., DECLASSIFICATION DOWNGRADING
SCHEDULE

16. DISTRIBUTION ST ATEMENT (of rhis Repott)

Approve,' for i-.'ic release; distribution unlimited

17. DISTRIBUTION STATEMENT (of the abstract ertered in Block 20. if different from Heport)

lB. SUPPLEMENTARY NOTES

Asproved to public release; IAW AFR 190-17

Fredleric C. Imch, ,*ajor USAF "i6 JUN 1981
P rc'tor oF iu'rlic Affairs

19. KEY WORDS (Continue on reverse ode t necessary rod identfy by block number)

Deit , '.Ndulation

AcDbtive Delta iTocdulation

20. ABV 4 CT (Continue on reverse side It recessry and identify by block number)

A computer model of the continuously v;iriabJe sioTe drA . :'oi,e encochnf
system ,,pcc-ified in .1 o fv; fARTAT'Iik on IAnalo:ue/bi V V :. v:a;on of

,pesch for Tactical, Di .itad., Area Co riicati. ' , dated

June 1978, is developed and implementcd in I'OTRiAP IV. 1..'>a~ei' I;

Derforr:nnce is then characterized in teri7; of idle c. aIi,, r, oic, total

harmonic disto't ionon distortion, SInIral-iou-uo iCe raitio,

and frequency res.onse. For each of thesn att baLe::, t,, , er's per-

forr nICC .. i!: ,re:- r,T I rrvI 1W:{.i, u'V ro:,rc tc tI-. "i, --I ,,. aii redFORM IC AE F , "

DD I JN7 1473 EDITION OF , NOV 65 IS OBSOLETE J ARRI I P

SECURITy CLASSIFICATION OF THIS PAGE (When isle fnterefI



SECURITY CiL A'SSIFICATIaN OF THIS. PAEWo bale In-v~dI

Item PO continueUl.

j I t (1 c i-: o. arcIm r Ci , he o 1 i: theon e:'rc e y %iryiP.: tU.0:
prarse ten; to the 1 iA 1,5s iri:poxcs 1 by the stancla rfi mtio tfif, resuli i- !-(ter-

fbr: ole C05285o,(d to U~e previously determnined irlea] system-r nerlorsa,,nce.
Tho results3 show thn t the PC ]Kor'rlnc characteristics viceas ureci are :ioui.

'tiye to ti~prim-try intei-rator resp,-onse ancloOutput filtfur resipIuse
when the system paraineter.m are res-tricted to tile rani~re allowel by the
ri, t TATO snu

SECURITY CLASSIFICATION OF AG'hnD.rln



D~AT

FILI

ITI


